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HE physical sciences have discovered, with 
amazing accuracy and completeness, the 
jaw and order which pervade inanimate matter. 
These discoveries have revolutionized the ex- 
ternal environment of man; have remade the 
accouterments of civilization. But they have 
contributed primarily to what man has or may 
have, and only secondarily to what he is or may 
become. As a result, civilization has grown 
enormously, but culture has lagged far behind. 
Many recent developments have emphasized 
the desirability of diverting more of our physical 
scientists to the study of man and the cultural 
problems of civilization. It seems timely, there- 
fore, to consider certain cultural aspects of recent 
and prospective research in the field of acoustics. 
Acoustics enjoys a most intimate relation to 
culture. This relation has been particularly 
engendered by its many and significant contri- 
butions to music. Acoustics owes its origin to the 
scientific study of music. It has always been both 
a servant and a master to music. Although, like 


*This paper is based on the author’s Faculty Research 
Lecture at the University of California at Los Angeles, 
May 6, 1936, on “Modern Acoustics and Culture.” It is 
being published by the University of California Press, 
Berkeley, California. Certain portions of the lecture, 
which have been described in earlier issues of this journal, 

ve been omitted or condensed in the present paper. 
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so many other branches of culture, the art of 
music and the science of acoustics were developed 
by the Egyptians, the Hindus, and the Chinese 
before they became a part of Greek culture, both 
music and acoustics as we know them are of 
Greek origin. 

The systematic study of the physical basis of 
music probably began with Pythagoras, more 
than twenty-five hundred years ago. By means of 
his monochord he established the fundamental 
relations between consonant musical intervals 
and the ratios of simple numbers, namely, that 
two segments of the monochord gave the perfect 
consonance of the octave when the ratio of the 
lengths of the two segments was 1 to 2, the 
consonant fifth when the ratio of the lengths was 
2 to 3, or the fourth when the ratio was 3 to 4. 
He and his disciples maintained, with charac- 
teristic Greek logic, that ‘‘the intervals of music 
are rather to be judged intellectually, through 
numbers, than sensibly through the ear.” 
Aristoxenus, some two hundred years later, de- 
fended the latter view, namely, that the ear is the 
sole and final authority for determining conso- 
nance or dissonance. The battle between these 
two schools was a long but interesting one; each 
held the other in contempt, and, as in too many 
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later controversies in art and science, each was 
more concerned in its own triumph and the 
bowling over of its opponent than in the finding 
of the truth. As we know today, each had 
discovered a part of an eternal truth, but as we 
shall see presently, modern acoustics favors the 
views of Aristoxenus. 

But the experiments of Pythagoras, even 
though they led to a theory of harmony which we 
must question today, marked the beginning of 
the scientific design of musical instruments and 
the elaborate system of Greek scales, from which 
our own are derived. In those emergent days of 
music, the most distinguished scientists, phi- 
losophers, and artisans generously gave their 
talents to the design and construction of musical 
scales and instruments. This is in sharp contrast 
with the recent paucity of scientific workers in 
the fields of music and acoustics. The organiza- 
tion of the Acoustical Society of America in 1928, 
with a membership today of more than six 
hundred physicists, engineers, musicians, physi- 
ologists, and psychologists, is stimulating a 
renewed and vigorous interest in the scientific 
studies of music and musical instruments. We 
shall return later to some of these studies and 
their implications. 

The modern era of acoustics began in 1915, 
when the thermionic vacuum tube and the high 
quality microphone became practical devices for 
research as well as for telephony and radio com- 
munication. Since I have been requested to 
describe in this paper some of my own researches, 
I trust that I may be pardoned if I seem to 
emphasize my own meager contributions, and 
omit altogether further discussion of the more 
important contributions made by others—such, 
for example, as the newer knowledge of the nature 
of speech and hearing; the development of 
electroacoustical equipment for high quality 
recording, transmitting, and reproducing of 
sound ; or the development of facilities for meas- 
uring and reducing noise. 

The first three contributions which we shall 
survey will be presented as a progress report of 
work accomplished ; the fourth, as a program for 
future research. 


I. StuDIES IN ARCHITECTURAL ACOUSTICS 


The scientific study of architectural acoustics 
dates back to 1895, when Professor Wallace C. 


Sabine was requested by President Eliot of 
Harvard University to propose changes fo, 
remedying the acoustical difficulties in the lecture 
room of the Fogg Art Museum. Sabine was not 
content merely to determine what should be done 
for this one room; he was a scientist rather than 
an engineer, and therefore sought the funda. 
mental laws governing the acoustics of all rooms, 
After three years of systematic and ingenious 
work, most of which was done during the quiet 
hours of the night, he was able to formulate the 
requirements for good hearing in any auditorium, 
He recognized that reverberation was the most 
important factor affecting the acoustical quality 
of aroom; accordingly, he proceeded to determine 
the basic laws governing the growth and decay of 
sound in a room. His work laid the foundation for 
a new branch of science, and his results were 
immediately applicable to architectural design, 

The Collected Papers of Sabine, published in 
1922, did much to stimulate further research 
along the front from which he was taken by 
death, far too soon. Here was a new and fasci- 
nating field of research, to which I was immedi- 
ately attracted. After some preliminary studies it 
became apparent that noise, reverberation, shape, 
and size are the factors which affect the hearing 
of speech in a room; and that the quantitative 
effects of these factors could be determined by 
means of so-called speech articulation tests. 

We first used this technique to investigate the 
interfering effects of noise, or of musical tones, on 
the hearing of speech. It was found that low 
pitched tones are more disturbing to speech than 
are high pitched tones, and that even feeble 
noises, such as are common in most rooms, 
interfere seriously with the hearing of speech. 
The effects of noise were determined in such a 
manner that when the magnitude and character 
of the noise in any room were known, it became 
possible to calculate just how much this noise 
would interfere with the hearing of speech. 

A similar technique was used to determine the 
interfering effect of reverberation. Experiments 
were conducted in fourteen auditoriums, all of the 
same general shape and size, but with times of 
reverberation ranging from eight seconds (in a 
high school auditorium) down to less than one 
second (in a motion picture studio). The rever- 
beration times here used are for a frequency of 
512 cycles. Although it is necessary to consider 
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PERCENTAGE ARTICULATION 


Time oF REVERBERATION 


Fic. 1. Curves showing how speech articulation depends 
upon reverberation time (at 512 cycles) in rooms of 
different size. 


the reverberation at all audible frequencies, the 
use of the reverberation time at the single 
frequency of 512 cycles is satisfactory for the 
present argument. 

The experiments on the effects of reverberation 
on the hearing of speech revealed that hearing 
conditions are very good for a reverberation time 
of about one second ; whereas they are intolerable 
for reverberation times in excess of three or four 
seconds. The results of these tests make it 
possible to calculate the effect of reverberation on 
the hearing of speech in all auditoriums." 

The hearing of speech also depends upon the 
size of the auditorium, and upon the power and 
distinctness of the speaker’s voice. Tests were 
next conducted in rooms of different size and with 
a large number of speakers to determine the 
acoustical power output of the average speaker. 
Such a speaker was found to generate acoustical 
energy at a rate of only one forty-millionth of a 
horse power. The range from the weakest to the 
strongest voice was a hundred fold. The weakest 
voice could not be understood beyond the fourth 
row in this (Royce) auditorium; whereas, the 
strongest one could be understood in all parts of 
it. The results of these tests, together with data 
respecting the size and the reverberation time of 
an auditorium, made it possible to calculate the 
loudness of average speech in any auditorium; 
and, correlating these findings with those which 
had been obtained by engineers at the Bell 
Telephone Laboratories on the effect of loudness 


inert 


'For the necessary charts, curves, and other details, see 
J. cous. Soc. Am. 1, 56-82 (1929). 
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on speech articulation, it became possible to 
calculate the effect of the size of a room on the 
hearing of speech. 

Experiments on the shape of rooms indicated 


“that if those forms be avoided which produce 


echoes or focusing effects of sound, such as domed 
ceilings or cylindrical walls, the effect of shape on 
speech articulation is not a matter of prime 
importance. It is, of course, beneficial to design 
shapes which will place the audience as near as 
possible to the speaker. Also, reflective surfaces 
should be so designed and located, with respect to 
speaker and audience, that these surfaces will 
reflect the most favorable flow of sound to the 
audience, and especially to those auditors who 
are seated far away from the speaker.” 

Since the average power of unamplified speech 
in even a moderately sized auditorium is much 
less than that required for distinct hearing, the 
effects of loudness and of reverberation are of 
such a nature as to oppose each other. For 
example, the reduction of reverberation, which 
improves the audibility of speech, is accompanied 
by a diminished loudness which impairs the 
audibility. There will be, therefore, an optimal 
time of reverberation, namely, that time which if 
either increased or decreased will be accompanied 
by such a change of loudness that the two effects 
will just compensate. This is exemplified in 
Fig. 1, which summarizes many of the practical 
results obtained in this investigation. These 
curves, which were computed on the basis of the 
combined effects of reverberation and loudness, 
show that there is an optimal time of reverber- 
ation for each room—less than one second for 
small rooms, and slightly more than one second 
for large rooms. The highest curve is for a room 
having a volume of 25,000 cubic feet ; the lowest 
curve, for one of 1,600,000 cubic feet. It will be 
seen that in this largest room the hearing is 
unsatisfactory even for the optimal reverberation. 
The amplification of speech is thus seen to be an 
indispensable necessity in such large rooms. The 
effect of loudness on the hearing of speech in 
auditoriums is shown in Fig. 2. The highest curve 
is for the optimal loudness level of 70 decibels, 
which can be attained only by means of high 


2 The problem of optimal shape of auditoriums is being 
investigated in the acoustical laboratory at the University 
of California at Los Angeles by means of models and 
high frequency sound. 





178 VERN O. 
quality amplification; the other curves are for 
typical speakers, as indicated. 

The experiments on noise, loudness, and re- 
verberation which we have just reviewed led to 
the development of an empirical formula by 
means of which it is possible to calculate how well 
average speech will be heard in any planned or 
completed auditorium. Many other acoustical 
problems await solution, such as the optimal 
shape of speech and music rooms, the effects of 
room resonance on speech and music, and the 
most suitable means for the distortionless ampli- 
fication of sound. We have made a beginning in 
our laboratory on the problem of room resonance ; 
we have shown that each room is characterized 
by the system of natural vibrations predicted by 
the Rayleigh theory; that these natural vibra- 
tions affect the quality of all sounds in the room; 
and that the reverberation of sound is made up of 
the decay of these vibrations, damped by the 
absorptive boundaries of the room and by the 
attenuation in the air. 

The design of rooms in which speech can 
readily be heard, and in which music can be 
performed to the satisfaction of both performers 
and listeners is a goal that is within sight. The 
progress which already has been made toward 
this goal marks one of the cultural gains of 
modern acoustics. 


II. AUDIOMETRY AND HEARING AIDS 


Although the development of audiometry and 
hearing aids affects directly only the hard of 
hearing, those who are thus handicapped—and 
there are probably four or five million of them in 
the United States—look forward to this gain as 
nothing less than the means of their salvation. 
This is not to say that all persons with impaired 
hearing will hear normally again. If the cochlea 
or auditory nerve be destroyed, no type or degree 
of the amplification of sound will restore hearing. 
But if as much as 40 percent of the perceptive 
apparatus be intact, no matter how much damage 
may have occurred to the middle and external 
ear, it is possible, by means of the appropriate 
amplification of sound, to utilize this residual 
sense of hearing so that ordinary conversation 
will be heard quite satisfactorily, and much of the 
beauty and naturalness of music will be restored. 
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Fic. 2. Curves showing how speech articulation depends 
upon the loudness of speech as well as upon reverberation 
time in a large room (400,000 cu. ft.). 


Audiometry is an emergent art now taking 
definite form and purpose on a secure foundation 
of recent discoveries in acoustics. The medical 
profession has been slow to recognize the im. 
portance of audiometry, but during the past two 
years many otolaryngologists and others inter. 
ested in the hard of hearing have procured 
audiometers, are becoming familiar with the 
technique of audiometry, and are enthusiastic 
advocates of its uses and benefits. The ad- 
vantages to be gained from this new art may be 
summarized briefly as follows: 

(1) It replaces qualitative and nonstandardized 
tests of hearing—such as the whispered and 
spoken voice, the ticking watch, the monochord, 
the Galton whistle, and the tuning fork—with 
precise and standardized measurements. These 
measurements are capable of revealing the exact 
amount of hearing throughout the entire range of 
audition. 

(2) Guesswork and errors in diagnoses are 
almost completely eliminated. By measuring the 
acuity of hearing, both by air and by bone 
conduction, it is possible to determine how much 
of a hearing impairment is of a conductive or 
purely mechanical nature and how much is of 4 
nerve or perceptive nature. This enables the 
physician to advise the patient respecting such 
factors as treatment, education, occupation, 
general health measures, and the kind of hearing 
aid which will most nearly restore normal 
hearing. 

(3) Routine audiometric tests of the hearingd 
school children will reveal beginning impairments 
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of hearing long before they can be detected by 
parents or teachers, or by the older tests of 
hearing. The early detection of such impairments 


constitutes an important step forward in the . 


prevention of deafness. 

Work is in progress in our laboratory to 
determine (1) the frequency and intensity ranges 
of amplification which should be incorporated in 
the ideal hearing aid, and (2) whether and how 
“selective amplification’’—that is, amplification 
in which certain frequencies are amplified more 
than others—can be used to meet the needs of 
each individual with impaired hearing. Results 
already obtained in collaboration with Mr. 
Norman Watson and Mr. Ludwig Sepmeyer 
indicate that marked improvements would be 
effected if the frequency range of portable hearing 
aids could be extended an octave higher, and if 
existing distortions (especially the nonlinear 
distortion) in these aids could be eliminated. 
These preliminary results also indicate that 
substantial benefits will be derived from the 
design and construction of hearing aids which 
have selective amplification characteristics fitted 
to the needs of each individual ear. 


III. ABSORPTION OF SOUND IN AIR AND 
OTHER GASES 


The recent work in our laboratory on the 
absorption of sound in air and other gases, 
although not closely related to the cultural aims 
of our research program, supplies an interesting 
example of the inseparability of pure and applied 
science. Incidentally, it also illustrates the value 
of the scientific method in discovering phenomena 
which have long escaped notice, or in solving 
problems which often harass the experimenter. 
The investigation began as a necessary step in the 
solution of a practical problem in architectural 
acoustics—namely, the calibration of a reverber- 
ation room—and ended in a study of the energy 
transfers which accompany molecular collisions. 

In measuring the rate of free decay of sound in 
our reverberation room, it was observed that the 
reverberatory properties of the room, especially 
for high pitched sounds, depended upon the 
vagaries of the weather in a most extraordinary 
manner. The extant theories on the absorption of 
sound in gases indicated that temperature and 
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humidity should have no measurable effect upon 
the absorption of audible sound in the air; and 
yet we observed that every change in the relative 
humidity of the air was accompanied by a change 
in the measured reverberation time. High pitched 
sounds would reverberate for four or five seconds 
when the room was filled with moist air from the 
ocean, whereas these same sounds would re- 
verberate only two or three seconds when the 
room was filled with dry air from the desert. The 
weather was affecting the absorption of sound by 
its influence either on the boundaries of the room, 
or on the air in the room, or on both. To find out 
which, and how much, was our problem. Hereto- 
fore, it had been assumed that the absorption in 
the air was negligible, so we at first suspected the 
boundaries. But when painting of the room failed 
to correct the peculiar behavior of the reverber- 
ation, we began to suspect an anomalous absorp- 
tion in the air. Fortunately, we possessed another 
room with walls, floor and ceiling made of the 
same material as the reverberation room— 
namely, twelve inches of poured concrete—but 
this other room was relatively small, only 8 by 8 
by 93 feet, whereas the larger room was 19 by 20 
by 16 feet. Hence, the reverberation would be 
affected to a greater degree by the absorption of 
the room boundaries in the small room than in 
the larger room, since the sound waves as they 
are reflected to and fro suffer approximately 200 
reflections per second in the small room and only 
93 per second in the large one. By formulating the 
equations for the rates of decay of sound in the 
two rooms, including the effects of the continuous 
absorption in the air and the discontinuous 
absorption by the boundaries, it was a simple 
matter to obtain useful formulas for calculating 
the absorptivity of the boundaries of the room 
and also the absorption coefficient of the air in 
the room, in terms of the rates of decay, the 
volumes, and the surface areas of the two rooms. 
Such calculations revealed that the difficulties 
which had beset our earlier reverberation experi- 
ments were attributable to the suspected absorp- 
tion in the air; that this absorption was of the 
order of ten to one hundred times greater than 
the value predicted by classical theory, depending 
upon the humidity and the temperature in a 
characteristic manner; and that the absorption 
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by the boundaries of the room (painted concrete) 
was unaffected by the humidity of the air.* 

The experiments were continued in two steel 
chambers, one a two-foot cube and the other a 
six-foot cube. In these smaller chambers it was 
possible readily to change or control the tempera- 
ture or humidity, and to make measurements in 
pure gases or gas mixtures. It also became 
possible to improve the technique of measure- 
ment; and once the chambers were calibrated, it 
was sufficient to make measurements in one 
chamber only—the smaller one. It was soon 
found that it was the oxygen in the air that was 
responsible for the observed anomolous absorp- 
tion of sound, and that the absorption was very 
much influenced by such impurities as H2O, He, 
H.S, NHs, and many other gases. 

Experiments are now in progress on mixtures of 
Oz plus COz and No+COs. These experiments 
reveal a very large absorption in COs, beginning 
at a frequency of about 3000 cycles, and in- 
creasing rapidly at higher frequencies. Thus, a 
10-foot length of water pipe filled with CO, will 
give an attenuation of more than 30 decibels at a 


frequency of 10,000 cycles; and at 50,000 cycles a 
trace of COz in air (2 or 3 parts in a million) will 
produce an observable change in the absorption. 


IV 


Finally, we shall turn from a consideration of 
gains already realized to future ones which may 
be expected from the application of modern 
acoustics to the physical aspects of music. 
Throughout the centuries, until recently, music 
and acoustics have been closely allied. To be a 
musician it was necessary to know thoroughly the 
science of sound ; and the acoustician pursued his 
theories and experiments almost wholly for the 


3 The results of these and subsequent experiments on the 
absorption of sound in air and other gases have been de- 
scribed in this and other journals. See J. Acous. Soc. Am. 3, 
126-138; 5, 112-126; 7, 249-253, and Ann. d. Physik 21, 
682-696. More recently, we have confirmed the laboratory 
results on the absorption of sound in the atmosphere by 
direct measurements of the attenuation of sound as it is 
propagated over one of the dry lakes in the Mojave 
Desert. The absorption of sound in air is greatest at 
humidities which ordinarily prevail in the desert, that is 
relative humidities of 10 to 20 percent, and therefore we 
were able to check the laboratory findings under the most 
interesting meteorological conditions. The results help to 
clarify the well-known phenomena of the long range 
transmission of sounds in cold, dry air, such as prevails in 
the arctic, and the ‘‘blanketing’’ effect on sound of hot, 
desert air. 
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benefit of music. Today, musicians as a group 
know far too little about acoustics, and acous. 
ticians know less about music. This js Most 
unfortunate, especially for the future of music. 
Not only the musician and the acoustician, byt 
the psychologist and esthetician as well, should 
combine their knowledge and techniques jp 
making a critical examination of the physical 
foundations of music. Thus, the exploring ang 
devising of new scales, harmonies, rhythms and 
musical instruments would become both a science 
and an art. 

Much has been written in recent years about 
new musical instruments of the electroacoustical 
type, and already electrical organs grace or 
disgrace many places where music is performed, 
Nearly everyone who has heard these instry. 
ments is prepared to pronounce hasty judgment 
upon them. The uncritical, and even many 
acousticians, hail them as instruments of great 
musical beauty and versatility, as epoch making, 
Critical musicians condemn them as poor substi- 
tutes for church organs. Perhaps both groups are 
partly right. Certainly the musical critics, al- 
though not entirely free from bias, are the most 
competent to pass judgment. When a jury of 
nineteen distinguished organists in the United 
States all agree that the new electrotone organ is 
unacceptable, that verdict should stand, at least 
for the present instruments.‘ 

There is littlke wonder at this conflict of 
opinion. The uncritical accept eagerly the new in 
anything; the acoustician is impressed with the 
possibilities of his new creation; the musician is 
conditioned by the instruments he knows, and, 
therefore, although the imperfections of the 
instruments he plays may escape his notice, heis 
quick to recognize imperfections in new ones. 

There are obvious defects in these new elec- 
trical organs. 

(1) There is an insufficient number of harmonic 
components—only nine are used on one of the 
best known instruments, whereas many more are 
required to cover the entire range of audibility 
and to give a full, rich tonal quality. As many a 
forty harmonics are essential to give a faithful 
reproduction of existing musical instruments. |s 


4Such an agreement was obtained in response to é 
questionnaire sent out by the editor of The Amenwas 
Organist to representative organists and organ specialists 
See the January, 1936, issue of this journal, pp. 21-26. 
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it reasonable to suppose that fewer harmonics can 
pe used in the synthetic music of the future? 

(2) There are serious distortions, of both the fre- 
quency and the nonlinear type, owing primarily 
to the use of imperfect Joudspeakers, which dis- 
tort both low and high frequencies, which are not 
always critically damped, and which overload 
when the intensity exceeds certain limits. 

Musical instruments of the electrical type may 
have appeared prematurely; at least they have 
prejudiced their present and future acceptance. 
But they are none the less prototypes of instru- 
ments which will become both popular and 
beautiful. Years of research in a_ properly 
equipped musical laboratory are required before 
they are perfected, or before they are even as 
good as the conventional instruments of today, 
for which existing musical literature has been 
written, and for which past and present artists 
have been trained. But if we should begin today, 
with the available equipment and knowledge, to 
design and build new musical scales, harmonies, 
and instruments, we should see the evolution of a 
vastly different musical art than the one we now 
know. This is not to say that what we have in 
music is not good; but it is to say that we are 
utilizing only a small part of the musical re- 
sources which are now available for exploitation. 

For example, it is possible to design and 
construct electroacoustical instruments which 
are capable not only of producing, but also of 
extending all the frequencies, intensities, and 
tonal qualities of existing musical instruments. 
Our present instruments began with varied 
arrangements of bamboo, reeds, grass, tree 
stumps, skins, stones, plant and animal fibers, 
gourds, wood and metal—and, of course, the 
finest skills and crafts of which man was capable. 
From these came the Boehm flute, the Stradi- 
varius violin, and the most elaborate of all 
instruments, the pipe organ. The flute is, at least 
in respect of acoustics and mechanics, the most 
nearly perfected of these instruments, but it is 
limited in its pitch range. The best violins, even 
when they are in tune, are beset with unavoidable 
“wolf tones.”” Even our finest organs suffer from 
the adventitious noise of rushing air and clanging 
action, and the shorter pipes produce inharmonic 
as well as harmonic overtones. We have been 
confined to the best which could be obtained from 
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these perfected, but yet imperfect, instruments. 
Is there any reason to suppose that the restricted 
ranges of pitch, loudness, and quality that these 


_ instruments will supply are the most beautiful or 


expressive ones possible? Infinitely many vari- 
eties of tone quality we have never sensed, and 
new extensions of the ranges of both pitch and 
loudness, are now possible. They should not be 
thrust untried on a too-indiscriminate public, 
neither should they be hastily condemned with- 
out the critical examination of musicians, 
estheticians, and the ordinary lover of music. 
Experiment and experience can and should decide 
such issues. The new instruments should not be 
tabooed too soon. Milleniums were required to 
develop our present instruments; surely a few 
decades should be granted these newer ones. 

It is probable that some of the most immediate 
developments in music will consist of the appli- 
cation of modern acoustical devices and tech- 
niques to the radio and motion picture arts. 
Already the Bell Telephone Laboratories have 
developed the so-called ‘three channel’’ ampli- 
fying system, by means of which it is possible to 
preserve ‘‘auditory perspective’ in the repro- 
duced sound, or to augment or diminish, at the 
will of the conductor, the loudness of the sound 
coming from an entire orchestra, or from several 
sections of the orchestra, and thus vary the 
apparent size and composition of an orchestra of 
seventy-five persons as effectively as though there 
were two thousand persons in the orchestra— 
Dr. Harvey Fletcher in collaboration with Dr. 
Leopold Stokowski and the Philadelphia Orches- 
tra already have given several demonstrations of 
new vistas in music made possible by this three 
channel system. By employing more than three 
channels, and associating low pass, band pass or 
high pass filters with each channel, even greater 
versatility is made possible ; for example, any solo 
instrument or group of instruments in an orches- 
tra (or in any other musical ensemble) can be 
amplified any desired amount, and the tonal 
quality of the instruments associated with each 
channel can be altered by suppressing or aug- 
menting the low, medium, or high frequency 
components. Studios with variable and con- 
trollable reverberation characteristics, or studios 
associated with a reverberation chamber, can be 
used to give musical effects which would enhance 
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the beauty and interest in many broadcasts or 
sound recordings. These are only a few of the 
devices the radio and motion picture arts may 
utilize in creating new musical experiences. Here 
is a virgin field where the musician and acous- 
tician, working together, can make extraordinary 
contributions to the radio and motion picture 
arts. 

But what I wish particularly to propose in this 
paper is a reexamination of the physical founda- 
tions of music based upon our modern knowledge 
of the nature of hearing. An epochal examination 
was made by Helmholtz, and is recorded in his 
monumental Jonempfindungen; but this dates 
back to 1862. Since then, modern acoustics has 
given us vastly superior research tools, by means 
of which many new and significant facts of 
hearing have been discovered. Inasmuch as the 
ear is the instrument by which we must judge 
what is harmonious and beautiful in music, we 
should search more fully for its secrets if we would 
know best how to please it. 

What are some of these new facts of hearing 
which must be considered in making this 
reexamination of the physical nature of music? 
Until recently, it has been assumed, and stated 
categorically in most of the physics books, that 
pitch is determined by the frequency, loudness by 
the amplitude, and quality by the wave-form of 
the vibration. However, the work of Fletcher® 
and his associates has shown that amplitude and 


5H. Fletcher, ‘‘Loudness, Pitch and Timbre of Musical 
tones,” J. Acous. Soc. Am. 6, 59-69 (1934); also, J. Frank. 
Inst. 220, 405-429 (1935). 


wave form, as well as frequency, affect pitch ; ang 
that frequency and wave form, as well as 
amplitude, affect loudness. It appears that matrix 
algebra may be required to define such simple 
concepts as pitch and loudness. Many of these 
new facts have more than academic interest. For 
example, it is possible to lower the subjective 
pitch of a pure 200-cycle tone as much as a third 
simply by increasing the intensity of the tone. 
The effect appears to be greater for certain 
individuals than for others. The experiments thus 
far conducted have been limited primarily to 
pure tones. Just how prominent the effect is with 
complex tones, such as are produced by musical 
instruments, has not yet been determined, but 
several musicians have observed the effect. 
Composers and performers should be aware of 
this phenomenon, and either avoid the use of 
very loud tones, especially those in the vicinity of 
200 cyéles, or use them only with an understand- 
ing of the influence they will exert on pitch, tonal 
quality, and harmony. Here is a problem which 
should be investigated further in the musical 
laboratory. 

Acoustical engineers are aware of the depend- 
ence of loudness on the frequency and intensity of 
pure tones. This dependence is revealed in the 
well-known Fletcher-Munson ‘equal loudness 
level’’ curves,’ which are reproduced in Fig. 3. It 
will be seen, for example, that an intensity of 35 
decibels above threshold for a tone of 100 cycles 
gives the same loudness sensation as does an 
intensity of 60 decibels above threshold for a tone 
of 1000 cycles. This peculiar dependence of the 
loudness of tones on frequency has real signifi- 
cance in our musical experiences. Thus, in an 
open air music bowl, sounds having a frequency 
lower than 1000 cycles, for which the absorption 
of sound in the air is negligible, will vary in 
intensity with the inverse square of the distance 
from the source. The intensity of such sounds ata 
distance of 50 feet from the source will be 20 
decibels greater than the intensity at a distance 
of 500 feet. Now suppose that a 100-cycle tone 
from the double basses and a 1000-cycle tone 


6 The recent work of Lewis and Cowan, J. Acous. Soc. 
Am. 8, 20-22 (1936), indicates that the effect is almost 
negligible for violin and ’cello tones. 

7H. Fletcher and W. A. Munson, ‘Loudness, Its Def- 
nition, Measurement and Calculation,” J. Acous. Soc. Am. 
5, 82-108 (1933). 
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fom the first violins have loudness levels of 70 
decibels each at 50 feet from the source. Then, at 
500 feet the intensity of each tone has been 
reduced 20 decibels; but while the loudness level 
of the 1000-cycle violin tone has been reduced 
only 20 decibels, the loudness level of the 
100-cycle double bass tone has been reduced 
nearly 40 decibels (see Fig. 3). The quality of 
orchestral or any other music, as well as the 
loudness, will thus depend very much upon the 
position of the listener, and although this effect is 
greater in a large open air bowl than in a sym- 
phony hall, it is not inappreciable in the latter, 
where the effects of interference by reflection 
further complicate matters. For frequencies 
above 1000 cycles the absorption in the air 
increases to very appreciable amounts, but the 
loudness level is almost independent of the 
frequency. Thus, the net effect of increasing 
distance from the source of such sounds is to 
attenuate too much the high frequencies. As a 
result of these two effects, both the low and the 
high frequency components of distant music are 
submerged below the zero level of loudness—only 
the tones of the middle register remain audible. 
This whole problem of loudness, and its effect on 
music, is one which requires further investigation. 

When musicians become acquainted with the 
tools and techniques of modern acoustics, it is 
probable that a quantitative rather than a 
qualitative scale of loudness will be adopted for 
all musical purposes. Thus, instead of rating 
loudness in various qualitative gradations from 
triple pianissimo to triple fortissimo, we shall use 
anumerical scale, such as 20, 25, 30, 35 decibels, 
and so on, in steps of 5 decibels up to 100 decibels. 
At least this number of gradations of loudness is 
necessary, since the ear can distinguish a differ- 
ence of loudness of less than one decibel. If such a 
loudness scale were adopted for musical use—it 
already has been approved by the American 
Standards Association—it is not improbable that 
many conductors and soloists would have in 
their convenient view the dial of a sound level 
meter which would register the loudness of the 
music they perform. The microphone of this 
meter could be placed at any desired position in 
the auditorium. Such a scale and control of 
loudness would help particularly to insure the 
interpretation of music as the composer intended 
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to have it interpreted. These are only minor 
benefits which might come from the suggested 
investigation of loudness. The major benefits 
would be concerned with the art of composition, 
and with the design of musical instruments and 
music rooms. 

The study of the quality of synthetic tones 
should be conducted in a laboratory equipped 
with apparatus which will give as many as forty 
pure harmonic components for each experimental 
synthesis. And if this apparatus be designed to 
cover the entire audible range of pitch and loud- 
ness, it would then be possible to determine 
whether the tonal qualities of existing or of new 
instruments are preferable, and which tonal 
qualities are most beautiful or most suitable for 
different musical effects. This is a colossal task, 
but one which promises proportionately large 
returns. 

The music of the future should take into 
account the ear’s ability to resolve small differ- 
ences of pitch and loudness. Thus, the sensibility 
of the ear to small differences of pitch is more 
acute for tones of medium and high pitch than it 
is for those of low pitch. Whereas at 60 cycles the 
smallest change of frequency the ear can ap- 
preciate is about 4 percent, or nearly a ‘“‘semi- 
tone,” at frequencies above 500 cycles it can 
appreciate changes as small as 0.3 percent, or 
less than a sixteenth of a ‘“‘semitone.’’ If we 
should adopt a new musical scale, based upon the 
functional characteristics of the ear, it is possible 
that the intervals for the middle and high register 
tones should be smaller than those for the low 
register tones. Thus, twelve equal intervals per 
octave are probably ample for the two lowest 
octaves on the piano, but it is doubtful whether 
twelve per octave are sufficient for all the higher 
octaves. Here again, the problem can and should 
be settled by experiment ; it cannot be settled by 
arguments unsupported by laboratory meas- 
urements. 


DIFFERENCES BETWEEN THE FREQUENCIES OF THE EVEN TEMPERED 
AND A True Hanmonic SCALE 


Fic. 4. Frequencies of harmonic and even tempered scales. 
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Figure 4 exhibits the nature of a well-known 
difficulty which arises from our present even 
tempered scale. The first eight harmonics of 
standard A; (440 vibrations per second) are 
shown in the top line. If we had a truly harmonic 
scale for such instruments as the piano, it would 
be necessary that the instrument be capable of 
producing these harmonics of A;. The notes on 
the piano which approach most nearly this series 
are the ones given on the second line, and the 
frequencies of these notes appear in the third 
line. The frequency differences between the true 
harmonics and those which must be selected from 
our even tempered scale are given in the bottom 
line. The second, fourth and eighth harmonics 
agree exactly; the third and sixth are certainly 
satisfactory ; the frequency of the even tempered 
fifth harmonic is 0.8 percent too high, which is 
probably unsatisfactory ; and that of the seventh 
is 1.8 percent too high, which isstridently dissonant. 

Experiments should be conducted to ascertain 
to what degree such differences impair true 
harmony or melody. We have already mentioned 
that when the ear is comparing two pure tones for 
equality of pitch, it can recognize a difference of 
frequency of as little as 0.3 percent for tones 
above 500 cycles. How small a difference from 
true consonance can it recognize, and how large a 
difference will it tolerate, when it listens to one 
tone in combination with another which is 
nearly consonant with the first? Thus, with 
respect to fifths, the true harmonic ratio of the 
higher to the lower component is exactly 1.5; the 
even tempered scale gives a ratio which is about 
0.1 percent low, and the Doric scale gives a ratio 
which is low by more than 1.3 percent. What is 
the allowable deviation from the true ratio of 1.5 
before the fifth sounds inharmonic or dissonant 
to the ordinary ear? Is the exact ratio of 1.5 
preferable to any of the tolerable variants of this 
interval? Experiments can give the correct 
answer, not only for the fifth but also for all other 
harmonic combinations of two or more compo- 
nents. Such an investigation would supply not 
only scientific data for determining to what 
extent our even tempered scale of twelve equal 
intervals to the octave should be revised, but also 
it might reveal new combinations of rare beauty 
or utility. 

Recent experiments indicate that the ear 
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responds to sounds of short duration much ag 
does a ballistic galvanometer to electrical jm. 
pulses. A tone having a loudness level of g 
decibels and sounding for 0.2 second produces 
approximately the same sensation of “apparent 
duration” as does a tone having a loudness level 
of 40 decibels but sounding for 0.4 seconds 
Professor Lifshitz of Moscow has shown that this 
principle can account for the reverberation times 
which provide the best acoustical conditions jp 
music rooms. This same principle may have 
significance in the entire realm of music, and 
therefore should receive further study. 

Many recent discoveries regarding the nature 
of auditory fatigue, subjective tones, and the 
masking of one tone by another® present other 
pertinent musical problems which should be 
investigated in the laboratory, but time does not 
permit us to describe them. 

If the recently discovered characteristics of 
hearing, which we have here considered, had been 
known to Helmholtz, and if the modern instrv- 
ments of electroacoustics had been available to 
him, music probably would have gained much 
more than it did from his brilliant and compre- 
hensive studies of the physical nature of music. 
But we should not despair that he left something 
useful for us to do. The time is now ripe for 
repeating and extending these studies in a 
modernly equipped laboratory. Thus may we 
contribute to the raw materials from which there 
will surely emerge a new and superior musical 
art, free from the imperfections inherent in 
existing musical instruments, and enhanced with 
finer and more logical pitch and _ intensity 
gradations, better tonal qualities, and more 
pleasing harmonies, rhythms, and forms than 
man has yet experienced. Here, indeed, is a field 
where art and science meet on the same ground; 
where their joint efforts may add to the richness 
of living ; where acoustics, returning to its exalted 
companionship with music, which called it into 
existence at least twenty-five hundred years ago, 


may make an even greater contribution to culture. 


8S. Lifshitz, “Apparent Duration of Sound Preceptioa 
and Musical Optimum Reverberation,” J. Acous. Soc. Am. 
7, 213-221 (1936). 

* Certain instruments in an orchestra frequently produce 
tones which are completely masked by the tones of other 
instruments, and thus add no perceptible value to the total 
effect. Loud, low pitched tones are especially effective 
masking feeble, high pitched tones. 
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INTRODUCTION 


N 1928 one of the authors published! a de- 
scription of a circuit for generating frequencies 

stabilized by the vibration of magnetostrictive 
rods. This circuit consists essentially of a Hartley 
oscillator, preferably with reversed mutual be- 
tween the coil sections, having provision for 
inserting the vibratory control rod axially 
through both coil segments. The circuit usually 
oscillates at all times and when the tuning is 
brought near the natural frequency of the vi- 
brator the rod assumes control of the frequency 
over a limited tuning region. The establishment 
of control is evidenced by an abrupt change in 
plate current of the oscillator tube. 

This earlier circuit, while very useful for ob- 
taining accurate control of any frequency or fre- 
quencies for which rods can be cut, is not so con- 
venient as one which oscillates only under control 
of a vibrating rod, and is inert in the absence of a 
vibrator. This improved type of oscillator, based 
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Fic. 1. Magnetostriction oscillator built from Lafayette 


amplifier. 





'G. W. Pierce, Proc. Am. Acad. Arts and Sci. 63, April 


(1928); reprinted in Proc. I. R. E. 17, 42 (1929). 
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on the disclosures of a patent? to one of the 
authors, has now been further developed and has 
proved so useful during the past few years that 
it is thought a brief description of it should be 
made available. 

Figure 1 is a photograph of one of these im- 
proved oscillators adapted from a cheap com- 
mercial two-stage amplifier, and Fig. 2 shows 
three sets of standard magnetostrictive rods, cut 
accurately to length to give fundamental fre- 
quencies ranging from 5 kilocycles to 60 kilo- 
cycles. The oscillator, as is shown in the circuit 
diagram of Fig. 3, consists essentially of a two- 
tube amplifier coupled by an impedance and 
having input and output coils shielded from each 
other except for electromechanical coupling 
through the vibration of a magnetostrictive rod 
placed axially in both of them. A neon glow lamp, 
connected across the plate coil, serves as an 
indicator of oscillation. This simple circuit de- 
pends for its operation upon the proper choice of 
coupling impedance with regard to the direction 
of connection of the rod coils, and upon the 
existence of good electromagnetic shielding be- 
tween the two rod coils. The value of the coupling 
impedance is, however, so noncritical as to re- 


Fic. 2. Sets of standard rods. Upper left: stoic metal—10 
to 31 kilocycles. Upper right: Nichrome—23 to 60 kilo- 
cycles. Bottom: Nichrome—S to 9 kilocycles. 


2G. W. Pierce, U. S. Patent No. 1,750,124, filed January 
3, 1927, issued March, 1930. See Fig. 6 of patent. 
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Fic. 3. Circuit diagram of the oscillator of Fig. 1. 


quire little or no adjustment over a wide range of 
frequencies; the oscillator owes much of its 
utility to this feature. A brief discussion of the 
conditions necessary for oscillation will now be 
given. 


CONDITIONS FOR OSCILLATION 


Figure 4 is a typical motional impedance circle® 
for a magnetostrictive rod. The dip angle of the 
diameter of the impedance circle for solid rods is 
generally slightly greater than 90°. If we denote 
motional impedance by Z,, then 


Zn=E/I. 


In this equation E is the back electromotive force 
induced in a coil by the vibration of the rod when 
a driving current I is passed through this coil. 
The total impedance of the coil is made up of this 
motional impedance plus the impedance ob- 
tained when the rod is restrained from vibrating. 

Figure 5 represents schematically the circuit 
conditions where the driving current is Ip: and 
the excitation voltage developed in the grid coil 
is Eg,, equal to KE. The instantaneous values 
and relative directions of the various currents 
~ 8Tde, “Measurements on Magnetostrictive Vibrators,” 
Proc. I. R. E. 19, 7, 1216 (1931). Black, ‘“‘A Dynamic Study 


of Magnetostriction,” Proc. Am. Acad. Arts and Sci. 63, 
2, 49 (1928). 


and voltages are indicated in Fig. 5. If for sim- 
plicity we neglect the effects of the input ad- 
mittance of the first tube and the distributed 
capacity of the grid coil, K will be a real quantity 
with either positive or negative sign depending 
on the sense of connection of the grid coil relative 
to that of the plate coil, and with a magnitude 
determined by the relative sizes of plate and 
grid coils. 

If the rod be placed symmetrically in the coils 
the direction of Ey; relative to E will be the same 
for odd harmonics of the rod vibration as for the 
fundamental mode; for even harmonic vibrations 
the relative phases will be reversed. If, then, K is 
positive for the fundamental it will be negative 
for the second harmonic. 

The circuit equations then are 


Ea =KE=KZ, In, 


mE 
Ip) =———= g1E ny (say), 
trt+Zi 


—mEnZ, 
Eo=—————__= —giEnZi, 
rat+Zi 


MoE 92 
= £2E 02, 
rvoetZy 
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Zm= motional impedance of plate coil and 
vibrator, 


K=ratio of motionally induced voltage 
in the grid coil to that in the plate 
coil, 


Z)=the total impedance of the output 
coil, including its motional im- 
pedance, 


Z,=the impedance of the coupling ele- 
ment. 


From Eqs. (1) to (4) we obtain 
Tn2(1 +Kgig2ZiZm) a 0, 
whence Zi —— 1, Kg 122Z m. (6) 


Eq. (6) gives the relation which must exist among 
the various quantities during self oscillation. If 
the two tubes are tetrodes or pentodes and there- 
fore nearly constant-current sources, we may 
consider g; and ge to be real positive quantities, 
approximately. In this simple case, rationalizing 
(6), we obtain 


RitjX1 


=—(1/KgigeZn?)(Rm—jXm) (approx.). (7) 


There are two cases to which Eq. (7) may 
apply, determined by the algebraic sign of K. 


CasE I. K POosITIVE 


For fundamental or odd harmonic vibration of 
the rod this means that the coil connections are 
such that steady currents flowing in the coils 
toward the grid and toward the plate respectively 
would produce fluxes directed oppositely in 


the rod. 
If we let 


b = | 1/KgigeZn? | (7a) 
we obtain from (7) 


Ri= —bRun, 
X:=bXe. 


Since for ordinary coupling impedances R, is 
inherently positive, and since b as defined above 
is a positive quantity, R,, must then be negative. 
That is, with normal dip angles, the operating 
point on the circle diagram (Fig. 4) must lie in the 
third quadrant. Furthermore, since in the third 
quadrant X,, is negative it follows that the 
coupling impedance Z, must have capacitive re- 
actance. If Z, be a parallel tuned circuit and if 
other phase shifts are negligible, oscillation will 
occur only when this circuit is tuned to resonate 
at a frequency lower than the rod frequency. 


Case II. K NEGATIVE 


(i.e., Coils connected to produce aiding flux in the 
rod when currents flow toward the grid 
and toward the plate.) 


Here, by (7), and retaining the positive value 
of b defined by (7a), 


Ri=b)Rn, 
X= —bXn, 


and operation is restricted to the fourth quadrant 
of the circle diagram. In this case, since X» is still 
negative, the coupling impedance must have 
inductive reactance; a parallel tuned circuit, if 
used as Z,, should be resonant at a frequency 
higher than the frequency of the rod. 


Fic. 4. Typical motional impedance circle for a solid rod. 


Fic. 5. Schematic diagram of two-tube magnetostriction 
oscillator, showing instantaneous currents and voltages. 
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Fic. 6. Vector diagrams, operating points on the circle diagrams, and coil orientations for cases I and II. 


At 
tan @=—;, tana= 
an Ry’ ana 


For case I, X; is capacitive and for case II, X, is inductive. 


VECTOR RELATIONS 


Figure 6 shows vector diagrams of the relations 
among the various quantities. In these diagrams 
for greater generality account is taken of phase 
shifts due to the reactive plate loads of the tubes 
—that is, g: and ge are taken as complex quan- 
tities. Since the total impedance Zo of the plate 
coil is always inductive, Ip: lags Eo2 by an angle 8 
(Fig. 6a) which, if tube 2 is a pentode or tetrode, 
will be small. In case I (Fig. 6a) the input grid 
voltage Eo; is in phase with the motional e.m_f., 
E, in the plate coil. The plate current, J»; which 
flows through the capacitive load, Z;, leads Eo: 
by the angle a. The second grid voltage, Eve, lags 
the negative of I>; by the angle @ shown on the 
figure. This @ is tan! X,/R,. The operating point 
falls in the third quadrant and is indicated at P. 
The motional voltage, E, thus has a lag angle ¢ 
behind the driving current, Je. 

In case II (Fig. 6b) the alternative coil con- 
nection results in a somewhat different vector 
diagram. Here the inductive coupling impedance 
causes Eg to lead the negative of Jp, and E and P 
are forced into the fourth quadrant. It will be 
seen from the vector diagrams of Fig. 6 that 


¢=180°+a—B-8; (9) 
¢=0—a—B. (10) 


If now the coupling impedance, Z,, of Fig. 5, is 
constructed of an inductance of impedance 
R+jLw shunted by a capacitive impedance 
of 1/jCw, 


In case I 


In case II 


Xo 


tan -—=s 4 


R+ jLw 


=. =R,+ 7X, (say). 
1—LCw*?+ j7RCw 


Then @ is defined by the equation 


tan = ~ -[o[1-z0#(1+-)]], (11) 


where QO=Lw/R. (12) 


With tubes of the pentode or tetrode type a and 
8 are both nearly zero. The angle ¢, therefore, is 
approximately equal to @ in case II and to 
180°—8@ in case I. Since by the motional imped- 
ance circle of the rods, ¢ should be near 90°, it 
follows that tan @ as given in (11) should be large. 

In case I LCw is greater than 1, and as LCw#* 
increases, tan 6 goes from zero to infinity; 
whereas in case II LC? is less than 1, and tan # 
goes only from zero to Q with decrease of LCw’. 
Whence it follows that case I is preferable for use 
with a wide range of frequencies, particularly if 
Q be small. 

Furthermore, Eq. (9) shows that in case I, if 8 
be of significant size, ¢ may be near 90° even if #is 
considerably less than 90°; the use of a triode 
output tube would increase 8. In case II, on the 
other hand, ¢ is always less than @, and hence in 
this case it is more important that 6 be large. 


CAsE I 1s GENERALLY PREFERABLE 


Experimentally, also, it has been found that 
for most successful operation the coil connections 
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of case I, with capacitive coupling, are usually to 
be preferred. Oscillation can generally be ob- 
tained under the conditions of case II, but more 
precise tuning of the intermediate circuit is 
ysually required. Also, there is more tendency 
toward uncontrolled oscillation when the con- 
nections of case II are used. In either case I or 
case II good electromagnetic shielding of the grid 
and plate coils from each other is highly important. 
If substantial coupling exists independent of the 
rod vibrations, uncontrolled oscillations will 
often occur, and rod-controlled oscillation will be 
dificult or impossible to produce. 


MAGNETIC POLARIZATION OF SPECIMENS 


It is important that the rod be polarized mag- 
netically. For many of the magnetostrictive 
materials the magnetization produced by the 
plate current flowing in the plate coil about the 
rod is sufficient to give it the required polariza- 
tion. If not, the apparatus is provided with a 
push button by which the plate of the second 
tube may be momentarily short-circuited to 
ground thus giving the rod a strong temporary 
magnetizing force and leaving it with a residual 
magnetism. Sometimes after such magnetization, 
the rod subsequently oscillates better if it is taken 
out of the coils, turned end for end and rein- 
serted. Usually a better result may be had by 
magnetizing the rod strongly beforehand in a 
longer solenoid. As an alternative, a reasonably 
good permanent magnet placed near the rod coils 
of the oscillator may be used to give the rods the 
required polarization. 


Harmonic Rop EXcITATION 


As has been mentioned, for rod vibrations in 
fundamental or odd harmonic modes two coils 
placed symmetrically on opposite sides of the 
center of the rod will suffer motionally induced 
voltages of equal phase. For even harmonics, 
however, the phase of the mechanical vibration 
of the rod within one of the coils is opposite to 
that in the other coil so that with the connections 
of case I it is often possible to excite an even 
harmonic vibration by making the coupling 
impedance inductive at the even harmonic fre- 
quency. Or again, even harmonics can be ob- 


tained by connecting the coils as in case II and 
using Capacitive coupling. 

When it is desired to excite the rod funda- 
mental the coils should be as close to the central 
node of motion as the shielding arrangements 
will permit; for harmonic excitation it is de- 
sirable to move the coils apart and position them 
directly over nodal points of the harmonic vibra- 
tion. The nodes one quarter wave-length in from 
the ends of the rod are most easily found. For 
general use we have found it most convenient to 
equip our oscillators with fixed rod-coils. Even 
with these fixed coils, many rod harmonics are 
readily obtainable. To obtain high harmonics of 
short rods, however, it is usually necessary to 
adjust the coils relative to the rod and tune the 
intermediate circuit close to the desired fre- 
quency. Without great care it has been found 
possible to excite all the mechanical harmonics of 
a 50 ke rod as high as the seventh; that it, with 
frequency as high as about 350 kc. Mechanical 
harmonics of a rod are not exactly even multiples 
of the fundamental, but rods can easily be cut to 
give stably controlled oscillations of any desired 
frequency within wide limits, when in harmonic 
vibration. It is probable, however, that the fre- 
quency stability of a harmonically vibrating rod 
is not as great as at its fundamental frequency. 

The above simple rules for oscillation condi- 
tions are often complicated by other factors, so 
that unexpected vibration modes may occur. For 
instance, if one or both of the rod coils are tuned 
by the tube capacities near a natural frequency 
of the rod, large phase changes may be intro- 
duced thereby. Or again, it often happens that 
different segments of the rod become oppositely 
magnetized ; the consequent phase reversal of the 
motionally-induced voltages may result in opera- 
tion just opposite to that described by the 
diagrams of Fig. 6. 


THE COUPLING IMPEDANCE, Z;, Is Not 
CRITICAL 


With coil connections as in case I oscillations 
will occur over a very wide range of adjustments 
of the coupling impedance, Z,; conversely, rods 
of widely varying frequencies can be made to 
oscillate merely by placing them in the coils, 
without any adjustment whatsoever of the 
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coupler. One of our oscillators of this type has a 
fixed coupling impedance consisting of a cheap 
15-henry iron-core choke shunted by a 0.0001 yf 
condenser. Any of the rods of the set of standards 
in the range from 10 kc to 60 kc will oscillate at 
its fundamental frequency, with no circuit ad- 
justments whatever, when the rod is placed in 
the coils. The oscillator shown in Figs. 1 and 3 
has a coupler consisting of a 0.25 henry air-core 
choke shunted at will by any of a number of 
fixed condensers connected to a rotary switch; 
this oscillator can be made to drive any rod in 
the collection, from 5 kc to 60 kc, merely by 
shifting the switch to the appropriate condenser ; 
rods from 28 to 60 kc all oscillate on the same 
condenser adjustment. 

As shown by Eq. (6) or the vector diagrams, 
the voltage gain through the tubes must adjust 
itself, by variation in the effective values of ), 
to satisfy the necessary conditions. It is, there- 
fore, often desirable to equip the oscillator with a 
gain control, which may take the form of a bias 
adjustment for one of the tubes. A circuit so 
equipped offers more latitude in the choice of 
coupling impedance and rod coils, and permits 
adjustment to the conditions for strongest and 
most stable oscillation. In one of the oscillators 
certain low frequency rods insist on vibrating in a 
harmonic mode to the exclusion of the funda- 
mental unless the gain is considerably reduced. 
For utmost simplicity of operation, however, we 








Fic. 7. Twin magnetostriction oscillator. An aluminum 
disk, with nickel tube driver, is shown in place in the 
external coils. A concentric ring sand pattern, formed at 
one of the control frequencies of the disk, may be seen. 
A standard frequency rod is in place in the right-hand 
coil set. The step tuning switches are at the extreme right 
and left of the panel. 
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prefer to fix the gain at a suitable value ang 
provide only the single operating adjustment of 
approximate tuning of the intermediate circuit. 


TWIN MAGNETOSTRICTION OSCILLATOR 


Figure 7 is a photograph of an oscillator re. 
cently built for the purpose of comparing and 
adjusting rod frequencies. The wiring diagram is 
given in Fig. 8. The device is a twin construction 
having two sets of electric circuits each with its 
own rod coil assembly, which is enclosed in a 
heavy aluminum shield mounted on top of the 
chassis. The intermediate tuning of each is by 
means of a condenser-selecting switch on the 
panel. In addition, provision is made for replacing 
the step-by-step intermediate tuning by any 
desired intermediate circuit, which may be 
plugged in at the end of the chassis. Also, a 
switch provides for the use of external rod coils, 
such as are seen mounted on the tripod at the left 
of the photograph. By the use of such external 
coils, oscillation may be controlled by vibrators 
which, because of their shape or location, cannot 
conveniently be inserted in the coils integral 
with the unit. Or the external coils may be made 
adjustable, for the easier production of rod 
harmonics. 

Coupled to the two oscillator circuits is a No. 
53 twin triode, so that each of its grids is supplied 
by a fraction of the voltage appearing across one 
of the plate coils. This serves either as an ampli- 
fier for the rod controlled frequencies or as a 
mixer for measuring frequency differences be- 
tween them or their harmonics. Output posts are 
provided in the plate circuit of the 53 tube for 
connecting an audiofrequency meter or other 
apparatus for utilizing the rod frequencies or 
their harmonics directly. Calibration or adjust- 
ment of a vibrator in terms of a known standard 
rod is thus made easy. 

In this twin oscillator, as in the earlier ones, 
neon glow lamps are used as oscillation indicators. 


FREQUENCY CONTROL BY VIBRATING PLATES 


Transversely vibrating plates (disks, squares, 
strips, and the like) have a large number of 
resonant vibrational modes. If a magneto 
strictive element such as a short length of nickel 
tubing be affixed perpendicularly to a plate and 
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Fic. 8. Wiring diagram of twin magnetostriction oscillator. L, is a coil of 2500 turns of No. 
36SS on } inch diameter and } inch long (60 mh approx.), and L¢ has 1000 turns and a winding 
length of 35; inch (17 mh). The coil orientation is that of case I. The fixed tuning condensers are, 


approximately: 
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60 0} 1000 
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the nickel tube inserted in the rod coils, the 
system will generally oscillate at one of the plate 
resonances. As the intermediate tuning is varied 
the oscillation frequency jumps from one con- 
trolled frequency to the next. In the photograph 
(Fig. 7) such a plate is shown in position in the 
external coils. A concentric ring sand pattern, 
formed at one of the control frequencies of the 
disk, may be seen in the photograph. A large 
number of such sand patterns on plates are readily 
observable by these means. 


FREQUENCY STABILITY 


Since large changes in the circuit constants can 
be made without loss of control, it follows that 
the frequency stability of an oscillator of this 


type is good. In one experiment an oscillator was 
set in operation, with no temperature or supply 
voltage control and with the rod merely balanced 
in the coils in the open room. During a two-hour 
run under these conditions the frequency 
wandered only two or three parts in a million. 


UTILITY OF THE DEVICE 


For many purposes requiring either a single, 
or a large number of easily selected, accurately 
known, frequencies, these oscillators have proved 
themselves highly valuable. They are particu- 
larly useful in laboratories where sound sources 
in the supersonic range are in constant demand ; 
but aside from their convenience as supersonic 
generators they have many other applications. 
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One of the more important of these is the fre- 
quency calibration of electrical apparatus of all 
kinds. And this usefulness extends far beyond the 
frequency range in which lie the fundamental 
frequencies of the rods. By the use of their har- 
monics, or the harmonics of auxiliary sources, 
calibrations anywhere from audible frequencies 
to the upper end of the radio broadcast band and 
beyond are easy. For frequencies below the range 
for which quartz crystals are readily obtainable 
the magnetostrictively energized vibrator com- 
plements the widely used crystal oscillator. The 
simplicity and reliability of this improved control 
circuit should recommend it for any commercial 
application, such as carrier telephony, in which 


PIERCE AND A. NOYES, 


JR. 


accurate intermediate frequencies are required, 

For the laboratory it offers a convenien 
standard of frequency or time, and the relatiye 
cheapness of the vibrating units and the eag 
with which they may be prepared and inter. 
changed make it far more flexible than a quartz. 
controlled oscillator. If a bar of good magneto. 


strictive* material be kept at hand, a few minutes 
with hack saw and lathe or grinding wheel yijj 
yield a new frequency standard to satisfy the 
exigencies of the moment. 


4See references 1 and 3. Also, Ide, ‘‘Magnetostrictiye 
Alloys with Low Temperature Coefficient of Frequency,” 
Proc. I. R. E. 22, 2 (1934). F 
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Theoretical and Experimental Investigation of the Transmission of Sound Over 
Reflecting Surfaces 


GEORGE W. PIERCE AND ATHERTON NOYES, JR. 
Cruft Laboratory, Harvard University, Cambridge, Massachusetts 


(Received June 21, 1937) 


The paper presents an experimental and theoretical discussion of acoustic signaling between 
a sending station and a receiving station near a plane reflecting surface, and is applicable to fog 
horn and submarine signaling. The experiments were made with a small scale apparatus em- 
ploying supersonic waves of a frequency of 67.5 kilocyles per second. It is shown that at grazing 
incidence the direct and reflected waves cancel, or partially cancel, as predicted by theory. The 
cancelation for propagation in air near a water surface, or other surface of high sound velocity 
and high density, is found to be restricted to angles very near to grazing incidence. On the 
other hand, theory predicts cancelation for much larger departures from grazing incidence if the 
reflecting surface has high density but low velocity; experimental curves for transmission over 
beach sand and certain other substances resemble such theoretical results very closely. Acoustic 
mirages caused by temperature gradients were studied experimentally, and their effects are 
shown to be of striking importance in modifying the above results. 





INTRODUCTION 


E have made some experiments on the 

transmission of supersonic waves between 
a sound source and receiver both positioned 
close to a plane reflecting surface. Fig. 1 illus- 
trates the experimental arrangements. The hori- 
zontal distance between stations was 62 inches 
which, at the 67.5 kilocycle transmission fre- 
quency used, is equal to about 310 air wave- 
lengths. 

The source and receiver had small apertures, 
were at equal heights above the reflecting sur- 
face, and could be moved up and down together 
over a range of heights extending from zero to 
about 20 wave-lengths. The receiver was designed 
to measure the received sound-pressure resulting 
from the combined effect of the direct beam from 
sender to receiver and the beam reflected from 
the bounding surface. 

The experimental results are presented in 
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Fic. 1. Apparatus. S=62 inches=310 wave-lengths. 
H variable from zero to about 20 wave-lengths by means 
of a hand-operated crank. 


curves of total received sound pressure plotted 
against the height of the stations above the 
reflecting surface, and are compared with theo- 
retically computed values, particularly for the 
purpose of attempting to ascertain whether 
the direct and reflected pressures cancel at 
grazing incidence. 


APPARATUS 


After a number of other devices had been tried 
the arrangement of apparatus illustrated in Fig. 1 
was selected as the most satisfactory. The source 
of the high frequency sound was a solid rod of 
highly magnetostrictive material tuned to 67.5 
kilocycles, shown in the housing at the left of 
the figure. The two coils encircling this rod were 
magnetically shielded from each other, except 
for the vibratory magnetostrictive coupling be- 
tween them. One of the coils was connected to 
the input circuit and one to the output circuit of 
a two-tube amplifier to form a self-controlled 
stable magnetostrictive oscillator described else- 
where by the present authors." 

The supersonic air vibrations produced by the 
rod were conducted through a small metallic 
tube, 6 inches long and } inch inside diameter, 
to an emitting orifice above the reflecting table. 
A small flap was left at the top of the tube and 
bent over so as nearly to close the opening, 


1G. W. Pierce and Atherton Noyes, Jr., ‘‘An Improved 
Magnetostriction Oscillator,” J. Acous. Soc. Am. 9, 185 
(1937). 
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Fic. 2. The receiving unit. Sound enters through the 
slit formed beneath the small flap at the top of the sound 
conduit. 




















leaving a small gap as shown. The emitting tube 
of the source and a similar tube from the re- 
ceiver passed snugly through clearance holes in a 
6-foot length of reflecting material. 

The receiver was similar to the source except 
that the magnetostrictive element for detecting 
the sound vibrations was a short length of 23-inch 
thin walled nickel tubing closed by a metallic 
disk at one end and accurately tuned to the 
transmitter frequency. A permanent magnet for 
polarizing the nickel tube of the receiver pro- 
jected into its interior. The single coil of the 
receiving unit led to the input terminals of the 
‘“‘microvoltmeter’’ described in another paper.’ 
This instrument, as used in the present experi- 
ments, was employed with its linear circuit 
arrangement, instead of with the logarithmic 
arrangement. So used it is a highly sensitive 
tuned amplifier and detector, with output current 














































































2 Atherton Noyes, Jr., and G. W. Pierce, “Apparatus for 
Acoustic Research in the Supersonic Frequency Range,” 


J. Acous. Soc. Am. 9, 205 (1937). 
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proportional to input voltage, except at low 
values of output current. 

Both source and receiver, in addition to having 
resonant magnetostrictive elements, were further 
tuned by adjustment of the lengths of the sound 
tube risers and of the cavities above the vibrating 
units in order to obtain satisfactory sound 
transmission. Fig. 2 is a photograph of one of the 
complete devices. 

The source and receiver could be elevated 
or lowered simultaneously by the mechanism 
sketched in Fig. 1, consisting of a pair of driving 
screws with twenty threads to the inch, driven by 
bevel gears on a common crank shaft. 

The apparatus was installed in a constant 
temperature basement room, lined on all inner 
surfaces with hair felt; the driving shaft pro- 
truded through a wall to a hallway where the 
microvoltmeter was also located. A revolution 
countef served to indicate the position of the 
sound units relative to the reflecting surface. 
Inasmuch as the screw used had an English 
thread it was found convenient to plot the 
station heights in inches. Since the air wave- 
length of sound at 67.5 ke and 20°C is 0.2 inches, 
the height in wave-lengths is simply related to 
the height in inches. 

As the succeeding figures will show, tests 
were made over a considerable number of re- 
flecting surfaces including aluminum, shallow 
water, Celotex, textile fabrics, paper, sand, ete. 
In all cases the area of the reflecting material 
was roughly 6 feet by 2 feet, and the distance 
between units remained constant at 62 inches. 


TRANSMISSION OVER ALUMINUM 


Figure 3 is a sample of the interference pattern 
obtained as the stations were raised above a 
sheet of aluminum (} inch thick). Readings of 
the indicating microammeter on the microvolt- 
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Fic. 3. Experimental curve for transmission in air over a 
sheet of aluminum. Microamperes diode current plotted 
against station heights. 
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meter are plotted as ordinates against the 
elevation of the sender and receiver as abscissae. 
Observations were taken at each turn of the 


drive shaft ; that is, at increments of elevation of _ 


1/20 inch. 

It should be remarked here that while for 
meter readings above 20 the calibration of the 
microvoltmeter is a straight line which, extended 
downward, passes very nearly through the origin, 
the calibration curve levels off at low scale 
readings and leaves a residual zero input reading 
of about 8 microamperes. As a result none of the 
experimental curves here given come down to 
the axis, even when complete cancelation by 
interference occurs, and the sharp cusps at the 
low intensity values of the calculated curves 
such as Fig. 6 are somewhat smoothed and 
rounded by the receiving apparatus in the 
experimental results. 


THEORETICAL TREATMENT: PLANE WAVES 


Consider a plane wave traveling in the direc- 
tion s; (Fig. 4) and incident on a reflecting 
surface. In general, a reflected wave traveling in 
some direction s’ and a refracted wave with 
direction s2 will result. If the incident wave be 
represented as an exponential function of time 
we may denote the instantaneous sound pressures 
of the three waves by the equations 


pi=A ye (t-ai/a1), 

p’ = A'eie(t—a"la1) | 

po= A cele (t-s2/ 42), 
where 


a,=velocity of propagation in medium I, 
a,=velocity of propagation in medium II, 


and sy=lx+myy+m2, 
s'=l'x-+m'y+n’s, (2) 
Sg=lox+moy+ne2, 

and 


1=]?4+mP2+n2=1?+m"+n" 
=1.?+m2?+n?2’. 


The particle velocities, u, v, and w, in 
t,y, and z directions, respectively, are 


Fic. 4. Incident, reflected and refracted plane waves. 


u2=——p», 
d2p2 


where p; and pe are the respective densities of 
the media. 

The usual boundary conditions, namely con- 
tinuity of pressure and of normal particle 
velocity at the reflecting surface, may be 
stated 


bit p' =p» 
lip, lp’ _ lope rat x=0. (5) 
errs 
The first of Eqs. (5) shows that at x=0 the 
exponents of Eqs. (1) must all be equal, whence 


m, m' mo n, n' Ne 
—=—=— and —=—=—. (6) 


ay, ao a; GQ Ge 


We may choose axes so that m,;=0, whence 
n' =n2=0 also. Then by (3) 


L2=1" 
jit 1—m,?=1-— ((@2/a1)m)?. (7) 


1= +I’ 


As is customary, we shall, from Eq. (7), choose 
to let 1’=—J, although some very interesting 
mathematical relations arise from the other 
choice of ‘sign. 
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Fic. 5. Geometrical relationships. Sender at S and receiver 
at R for study of resultant pressure at the receiver. 







Note that since m, is the sine of the angle of 
incidence and /; the cosine of this angle or the 
sine of the grazing angle, Eqs. (6) and (7) 
express the usual geometrical relations for re- 
flection and refraction. 

By (1), (5) and (7), then 


1A, 1,A’ 1sA 9 








A,+A’'=Az, — : 
Gipi Gipi Ae2pe 
Whence by elimination we have 
1\d2p2—12d1p1 
A’ =——————_A = RA (say), (8) 


L\dep2+leaip1 


L,\d2p2—l2d1p1 


where R= (8a) 


L\d2p2+l d2p2 


R is the ratio of complex reflected pressure 
amplitude to incident pressure amplitude at the 
surface, and is here called ‘‘reflection ratio.” 
The resultant of the direct and reflected waves at 
any point in the first medium will then bear a 
relation to the direct wave alone given by 


(pit p')/pi=1+Re-Heleve'—) =14Re-#, (9) 


where 6 = (w/a,)(s’ —s,) = (2m/dj) (s’—51) (10) 


and s’—s, is the difference in path length of the 
reflected and direct beams. 






SPHERICAL WAVES 


If, now, we consider a source which emits a 
spherical wave and concentrate our attention on 
a segment of the wave front traveling outward 
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along a radius vector of length s; with direction 
cosines (x—%)/si=l1, (y—y1)/s1=m,, (2—21)/s, 
=n,=0, a simple investigation not here given 
shows that we may write, for points more than 
a few wave-lengths distant from the source, 


pi=(A 1/8, )et@ (te Csr/ai)) (11) 


As in the plane wave case the components of 
particle velocity at any point on the radiys 
vector s; more than a few wave-lengths distant 
from the source are, 


lips mpi 
u= Ne. cage ’ 
@ip1 


nip; 
w,=-—-=0. (12) 
@ip1 Qip1 











Except for the inverse power of s; Eq. (11) is 
mathematically similar to Eq. (1) for the plane 
wave. We shall therefore treat a segment of each 
wave as a plane wave traveling in a specified 
direction and having an amplitude inversely as 
the distance from the source. 

Giving to the reflected and refracted waves 
forms similar to Eq. (11) we may write for the 
spherical case 

pit p’ A's, | St 
—=1+4+— —e-=1+4R—e-*, (13) 
pi A,s’ 4 





where R and @ are defined by Eqs. (8a) and (10). 

Now /2, which if real is the cosine of the angle 
of refraction, is in many cases an imaginary 
quantity. We shall therefore express it in alter- 
native forms: 


1,=(1—mz2*)} = (1—(a2/a1)?(1—1,”))}, 
by (6) (13a) 
= — j((a2/a,)2(1—1,*) —1)'= —jB (say), — (14) 
B= ((a2/a,)2(1 —1,2) —1)}. (14a) 


where 


Eq. (14) is convenient for cases of total internal 
reflection, which is the prevalent case for sound 
in air incident on denser substances. In terms of 
B we may rewrite Eq. (8a) for the reflection 
ratio: 


P A’ 1+(j8a1p1/1,a2p2) 
A, 1—(jBaip1/la2p2) 


=e¢/?, (15) 





where ¢=2 tan~! (Ba1p;/l;a2p2). (16) 
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In terms of ¢ Eq. (13) becomes 
pit?p’ 


$1 
eit Eh g OHO, (17) 


Pi Ss 
which, by use of the relation, cos z= (e/*+-e~#*) /2, 
may be written 
pte’ 
pr 


provided s;/s’ does not differ sensibly from 
unity. 

And the absolute value of the received pres- 
sure is 


~~ 
= Jei((e-8)/2) cos (—) (approx.), (18) 


pit?’ | o—9 
bill = Y (say) =2 cos —* 


(18a) 
Pi | 


e- 
where Y= 
Pi 


at the receiving station. (18b) 


GEOMETRY OF SYSTEM 


Let us now consider the transmission of sound 
from a source to a receiver, both stations being 
located close to a reflecting surface as illustrated 
in Fig. 5. In Fig. 5 let 


G=height of sound source above the reflecting 
surface, 

H=height of sound receiver above the reflecting 
surface, 

s=distance along the surface, between stations, 

i=angle of incidence on the surface of sound 
geometrically reflected to the receiver. 


Then, by the geometry of the figure, 


s:=length of direct path = [s?+ (G—//)?}}, 

s’=length of path for reflected wave 
=(s°+(G+H)?]}', 

h=cos i= (G+H)/[s?+(G+H)?}}, 

m=sin i=s/[s?+(G+H)?*]}. 
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Fic. 6. Curves calculated for air transmission over water 


and aluminum. 
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Fic. 7. Calculated curves for transmission over surfaces 
of low sound velocity. (a) is representation of transmission 
in water beneath an air boundary. 


By Eqs. (16) and (14a) 


¢=2 tan- 


Pr s2 a 2 } 
Alena “I> 
p2 (G+H)? de 


2GH 


s'—s\= 


G+H\! 
) «1, 


5 


1 
, provided -( 


s 
and, by Eq. (10), 


d= 4nrGIT/y,s. 
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Fic. 8. Transmission over a layer of water 0.3 inch deep. 


CANCELLATION OF PRESSURE AT GRAZING 
INCIDENCE 


At this point it is of interest to note that as 
either G or J] approach zero Eq. (18) becomes 


(pitp’)/pi=2e%*” cos o/2 


and, by Eq. (19), as both G and H approach 
zero $/2 approaches 7/2 so that, for grazing 
incidence (for which condition the approxima- 
tion used in obtaining Eq. (18) is exact) 


pit p’ =0. 


This is true, independent of the frequency of 
transmission, and for any combination of media 
except one in which a2=4d. 

If, as is usually true when the first medium is 
air, the second medium is one characterized by 
relatively high density and velocity of sound, 
@ rapidly approaches zero as either G or JJ 
depart from zero. For instance, if medium I 
is air and medium II water, Eq. (19) yields, 
approximately, 


S | By S 
=2 tan-! 


Pi 
@=2 tan“! — : 
1000 G+H 


p2 G+H 
If ¢ is small, Eq. (18a) gives 


Y=2 cos 6/2 (for cos g/2~1). (22) 


Thus, if the constants of the media and the 
heights of the stations are such that cos ¢/2~1 
the resultant pressure at the receiver will go 
through a simple interference pattern as defined 
by Eq. (22) when any of the quantities control- 
ling 6 are varied. Very close to grazing incidence 
¢ rapidly changes from 0 to z so that, at grazing 
incidence, Y=0. 
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Fic. 9. Transmission over a sheet of Celotex. 


THEORETICAL RESULTS. CASE I. REFLECTION 
FROM HIGH VELOCITY SUBSTANCES 


In Fig. 6 are shown calculated curves for 
transmission in air over water and over alumi- 
num. The conditions for the calculations are 
those of the experiments, in which G=H and 
the station separation, s, is 310 wave-lengths, 
The action of ¢ in bringing the resultant pressure 
to zero at grazing incidence is seen to take 
place within a small range of elevations. For 
transmission in air over either water or aluminum 
the curve for received pressure is essentially as 
given by (22) for all station elevations greater 
than about two wave-lengths. 


TRANSFORMATION OF EQ. (13) 


A slightly different expression for Y may be 
obtained from Eqs. (13) and (8), namely, 


pitp’ 


s 
= 1+R—e-i#= 1+R’e~® (say), 
pi s’ 


; Si 1 — (Jea1p1/1,a2p2) 


= (23) 
Ss’ 1+ (l2a1p1/lidepe) 


where 


so that the amplitude of ($:+’)/p1 is 


Y=[((1+R’ cos 6)?+R” sin? @]}. (24) 


REFLECTION FROM Low VELOCITY 


SUBSTANCES 


CAsE II. 


In case I for total internal reflection discussed 
in the preceding section R’ is a complex quantity 
essentially equal to +1 except near grazing 
incidence, when it rapidly changes to —1. If, on 
the other hand we consider a reflecting medium 
and incident angle such that (a2/a;)?(1—1,’) 1s 
small in comparison with unity and for which 
also 41p1/A2p2 is large, lo=1 by (13a), and by 
(23) R’=—1. Under these limiting conditions 
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TRANSMISSION OF SOUND 


Eq. (24) becomes 
Y=2 sin 6/2. (25) 


These conditions are very closely fulfilled for 


transmission in water near an air boundary. 

Figure 7(a) is a calculated plot of Y for such 
acase. Here, it will be seen, the received pressure 
remains near zero through a considerable range 
of elevation of the stations. 

In Figs. 7(b) to 7(f) are plotted other calcu- 
lated curves for all of which the velocity of 
sound, a2, in the reflecting medium is taken as 
low enough (say @2<a,/4) to make /, essentially 
unity for all angles of incidence considered, but 
with the effective densities of the two media of 
proper values to give the values of dep2/aip; 
indicated on the curves. Such characteristics of 
the media might seem very unlikely to be 
realizable with air as medium I; the calculations 
were, nevertheless, made and resulting curves 
found which bear considerable resemblance to 
some of the curves obtained experimentally. 
Incidentally, the case of Fig. 7(a) was computed 
for the transmission when medium I is water 
and medium II air; it also is seen to be not very 
different from certain of the experimental curves 
with medium I air and medium II Celotex or 
sand. We shall refer to materials which reflect in 
such a manner as to give curves of this sort as 
“soft’’ substances, in distinction from “hard” 
surfaces such as water or aluminum. 

It is interesting, mathematically at least, to 
observe the transition in the curves from Fig. 
i(a) to 7(f), and to note that 7(f) approaches in 
form the curve of Fig. 6 which was calculated for 
very different conditions ; namely, total reflection 
from a “‘hard”’ surface. 


EXPERIMENTAL RESULTS; AIR ALUMINUM AND 
AIR WATER 

Figure 3 is typical of the transmissions over 

dense reflecting surfaces, such as aluminum or 


FINE BEACH SAND - ORY 


2 3 4 
HEIGHT IN INCHES a=VYe5 INCH S=62 INCHES 


Fic. 10. Transmission over dry sand. 
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water. Most of the experimental curves are 
characterized by minor irregularities in the region 
near grazing incidence, and to some extent 
throughout the whole of the first loop. Much 
work was done in an attempt to eliminate these 
presumably spurious and often unrepeatable 
modifications of the expected curve; there is 
some evidence to show that sound scattered at 
the points where the sound tubes penetrate the 
reflecting surface is responsible for them. In an 
earlier form of the apparatus in which the 
source and receiver consisted of slits in vertical 
baffles moving vertically past the ends of the 
reflecting sheet they were much more pro- 
nounced. We are well satisfied that they did not 
arise from reflections from the walls of the room 
or any other obstacles not intimately connected 
with the apparatus. 

Figure 8 is a curve similar to Fig. 3 for trans- 
mission over a 0.3-inch deep water layer held on 
the aluminum sheet by retaining walls of putty. 
The sound tubes rose through Bakelite collars 
screwed into the aluminum and flush with the 
water surface. 

Figures 3 and 8 are to be compared with the 
calculated curve of Fig. 6. The difficulty of ful- 
filling experimentally the ideal mathematical 
conditions prevents an exact check. However, in 
general character the experimental and calcu- 
lated curves are similar, and the predicted de- 
structive interference at grazing incidence seems 
to occur. In all the experimental work the height 
of the sound tubes was considered zero when half 
the slit formed under the reflecting flap was 
below the surface. Minor variations in this ad- 
justment cause the observed heights at which 
the actual sound zero occurred to vary slightly, 
but in all cases the received sound had fallen 
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Fic. 11. Acoustic mirages. The effect of temperature 
gradients on transmission over aluminum. 
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(d) 


Fic. 12. Multiple transmission paths. In (a) and (0) to- 
gether are shown six possible beams for low station heights. 
In (c), for slightly greater heights, some of these paths can 
no longer reach the receiver, and in (d) for still greater 
heights, only one reflected ray arrives at the receiver. 


nearly to zero before any portion of either slit 
was obscured. 


OTHER REFLECTING SURFACES: CELOTEX 
AND SAND 


When, now, the aluminum surface is replaced 
by a sheet of Celotex a very different interference 
pattern results. Fig. 9 is a typical curve for this 
sort of reflection. This curve is strikingly similar 
to the calculated curve of Fig. 7(c), for a re- 
flecting medium of very low sound velccity in 
comparison with air. 

The velocity of sound in a fibrous medium 
such as Celotex is difficult to define. By the 
simple experiment of measuring the period of 
transverse vibration of a strip of Celotex clamped 
in a vise, we determined a value of 527 meters 
per second for the square root of the ratio of 
effective Young’s modulus to density. Such a 
value of velocity put into the theoretical equa- 
tions, would give a curve similar to the curve 
computed for transmission over water, Fig. 6, 
and not the curve of Fig. 9. 

It does not, however, seem beyond the bounds 
of possibility that Celotex, because of its porous 
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Fic. 13. Transmission over rayon cloth, with and without 
temperature gradient in the air. 


structure, reacts to grazing waves as a low 
velocity substance. The required characteristic 
for the curves of Fig. 7 is that /2 shall be approxi- 
mately unity. That is, the direction of trans. 
mission in the second medium is nearly normal 
to the surface. Now it may be that the wave 
transmitted into the Celotex is largely air. 
borne, and is constrained, by the porous nature 
of the material, in channels in a direction normal 
to the surface. That is, if we assume that the 
component of the transmitted wave in the 
direction parallel to the boundary is zero owing 
to such channel action, we have a condition 
somewhat similar to that of a homogeneous 
material in which /2 is unity. 

Alternatively, the surface of the Celotex might 
be regarded as having low elasticity (perhaps 
that of air) and effectively a high density due to 
motion of individual fibers, thus yielding a low 
value for sound velocity. 

Certain other materials behave like Celotex. 
Fig. 10, which illustrates transmission over a 
layer of fine beach sand spread very flat on the 
surface of the aluminum sheet, is an example. 
Here again we may have a case in which trans- 
mission in the sand and parallel to its surface is 
negligible. 

It is notable that at grazing angles there is 
little evidence of absorption of sound by either 
the Celotex or the sand; the first minimum falls 
nearly to the zero level, which it would not do 
if the incident wave were substantially absorbed. 
It may be noted, incidentally, that the lowness of 
the ordinates of the curve of Fig. 9 is due to 
poor tuning of the sound tubes, and not to 
absorption. The wide variation in peak ordinates 
among the various experimental curves which 
were taken on different days is due to the 
difficulty of adjusting the air pipes and cavities 
of the sound system to best resonance. In other 
experiments, not involving resonant air cavities, 
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Fic. 14. Transmission over air-tight cloth stretched free in 
space. 


the maintenance of constant sensitivity with 
magnetostrictive apparatus is comparatively 
easy. 


REFRACTION EFFECTS DUE TO DENSITY 
GRADIENT IN MEpDivum I 


When a gradient of velocity exists in the first 
medium, the transmission of sound is very 
diferent from that illustrated by the preceding 
calculated and experimental curves. Fig. 11 
shows the received sound as a function of station 
elevation when temperature gradients exist in 
the air above the reflecting surface. 

In Fig. 11 the curve marked “normal’’ was 
taken after the apparatus had been standing in 
the constant temperature room over night. The 
aluminum sheet was then warmed to a few 
degrees above room temperature by going over 
itwith an electric flatiron, and, after time had 
been allowed for equalization of temperature in 
the aluminum, the curve marked “hot’’ was 
obtained. Under these conditions the tempera- 
ture gradient was of such nature as to bend the 
sound waves upward and over the receiver, so 
that up to a considerable elevation no sound was 
received. 

Finally the aluminum was cooled below room 
temperature by the application of ice, and 
another striking change resulted. A very large 
first peak appeared at very low elevation, and 
all the minima and maxima of the normal curve 
were shifted toward the left. Note that the 
ordinates of this curve should be multiplied by 
15 for comparison with the other curves of the 
figure. 

These effects were first observed when repeti- 
tion of a normal curve over water was attempted 
after the apparatus had been left over night, and 
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a curve like the ‘‘cold’”’ curve of Fig. 11 was 
obtained instead. It was concluded that evapora- 
tion had cooled the water in the interval; to 


_test this supposition the data of Fig. 11 were 


taken. 

Analysis of the ‘‘cold’”’ curve of Fig. 11 shows 
that for low station elevations a considerable 
number of waves travel to the receiver by 
different paths. These paths are all concave 
downward. One is direct, without touching the 
surface; a second suffers one reflection; others 
must exist in which two and more reflections 
occur. The first peak of the ‘“‘cold’’ curve of 
Fig. 11 has an amplitude indicating the equiva- 
lent of an addition of a direct ray and 5 (or 
more) reflected rays. At low elevations these 
several rays add to produce the high initial 
peak; at higher elevations paths involving 
multiple reflections can no longer exist, so the 
peaks of the curve fall off rapidly as the station 
height increases. Fig. 12 illustrates such multiple 
reflection paths, and their decrease in number 
as the elevation increases. 

Figure 13 shows two curves for transmission 
over a piece of thin rayon cloth stretched over 
the aluminum sheet. In one of these curves the 
aluminum was at room temperature, and the 
resulting transmission is very similar to that over 
Celotex (Fig. 9). In the other the aluminum had 
been cooled with ice before the cloth was put in 
place. In this case, again, the inverted tempera- 
ture gradient has shifted the curve to the left 
and distorted it, but has not produced a high 
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Fic. 15. Transmission over a closely woven, but not 
air-tight, cloth. 
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Fic. 16. Transmission over dry and moist sand. 
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initial peak as in the case of cold aluminum. 
With substances like Celotex or cloth the mul- 
tiply reflected rays, which can occur only at 
very low angles, cancel by pairs at reflection. 


CLOTH WITH “HARD’’ SURFACE 


Several other types of cloth were used as 
coverings on the aluminum, and, with one 
exception, gave results like Celotex or the rayon 
of Fig. 13. The exception was a very fine mesh, 
impregnated air-tight silk bearing the trade 
name of Pyroxylin. This, laid on the aluminum, 
gave a curve substantially identical with that 
obtained over the aluminum itself. When backed 
up by Celotex instead of aluminum the same 
curve was obtained. As a final test it was 
stretched free in the air on a wooden border 
supporting it about 2 inch above the sheet of 
Celotex. The curve of Fig. 14 resulted. This thin, 
impregnated silk behaves, uniquely among the 
cloths used, like a rigid, high velocity substance. 
Any air-tight textile would presumably behave 
the same way at these frequencies. 

The rayon sample, when similarly suspended, 
gave rise to the curve of Fig. 15. A comparison 
of this with Fig. 13 shows that the aluminum 
backing, in that case, was of importance. Fig. 15 
suggests that sound was freely transmitted 
through the rayon and then in some manner 
trapped; the curve bears considerable resem- 
blance to Fig. 7(d) in which the reflection ratio, 
R’, goes through zero at about 3 inches elevation. 


REFLECTION FROM WET SAND, SANDPAPER, AND 
OTHER SURFACES 


Dry sand, like Celotex, exhibits phase re- 
versal at reflection. See Fig. 10. When the sand 


FINE BEACH SAND THOROUGHLY SOAKED 
FREE WATER ON SURFACE 


' 2 3 4 
HEIGHT IN INCHES A*Ys INCH S*62 INCHES 


Fic. 17. Transmission over wet sand. 
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is wet, however, additional effects are noted. 
The two curves of Fig. 16 were taken after the 
sand had been moistened by a fine water spray, 
After some drying time the sand was found to be 
somewhat caked; the major difference between 
this curve for the nearly dry sand and Fig, 49 
for dry sand is a slight shift to the right of the 
second and third minima. The simple theory 
does not contain any explanation of such phase 
shifts, which are evident to a more pronounced 
degree in some of the later curves. Temperature 
gradients are not sufficient to account for many 
of them. An attempt to explain them mathe. 
matically by considering dissipation at the sur- 
face has not so far proved fruitful. 

Figure 17 shows what happens when more 
water is added. The small initial peak of one of 
the curves of Fig. 16 grows rapidly as water js 
added, and various other changes, obvious in 
the curves, occur. The initial peak builds up 
nearly to the value it has in Fig. 17 before the 
sand is wet enough to hold free water. 
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Fic. 18. Transmission over sandpaper. 


That this unexpected high peak at grazing 
angles is not to be explained by temperature 
gradients (as in Fig. 11) is evidenced, in part, 
by our inability to obtain a similar peak by 
cooling the cloth surface of Fig. 13. Fig. 18 
gives further evidence. Transmission over a 
sheet of No. 1 grade sandpaper shows an initial 
peak of general characteristics similar to that 
obtained over fairly wet sand, though with the 
sandpaper there can have been no cooling by 
evaporation. 

The reverse side of the sandpaper sheet pro- 
duced a curve (Fig. 18) somewhat like the 
simple calculated curve for total internal re 
flection, although in some respects it is more 
like the curve of Fig. 19 in which ordinary 
brown wrapping paper was the reflecting surface. 
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Fig. 19 also carries a curve for aluminum alone, 
taken immediately after the paper curve. 
Figure 20 shows transmission over a fine crepe 


paper with corrugations at right angles to the 


direction of transmission. The corrugations were 
so fine that the surface looked to the eye like a 
very flat piece of fine cloth. Note the suggestion 
of an unexplained initial peak. 

In Fig. 21, for a sheet of gasket cork, a 
similar but more pronounced initial peak appears. 
The Celotex curve of the same figure was taken 
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Fic. 19. Transmission over brown wrapping paper. 


at the same period ; there was very definitely no 
such peak on this curve. 

For Fig. 22 the aluminum sheet was covered 
by mosquito netting (stiff threads, 13 to the 
inch). The curve for the aluminum alone 
followed, and finally the 12-mesh iron window 
screening was applied. Initial peaks like those of 
Figs. 20 and 21 are again evident, and the 
transformation, even when the mesh was of iron, 
from the aluminum curve to one which in some 
particulars resembles a Celotex or sand curve, is 
striking. 


CONCLUSION 


This investigation, undertaken in the hope of 
checking, without too great labor, the theory on 
which Fig. 6 is based, immediately developed so 
many interesting difficulties and unexpected re- 
sults that a large mass of data was soon accumu- 
lated. The present paper has presented from this 
accumulation a selected number of observations 
which seem to warrant reporting. 

The transmission of sound over certain homo- 
geneous, plane media such as water or metal 
seems to accord with simple theory. Although at 
truly grazing incidence no transmission is possi- 
ble, this has little practical bearing on foghorn 
signaling over water and the like, for, due to the 
large discrepancies in density and sound velocity 
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Fic, 20. Transmission over fine crepe paper. 


between water and air, the region in which all 
frequencies suffer destructive interference does 
not include the station elevations and separations 
for which fog signals are normally employed. On 
the other hand, the refraction effects exemplified 
particularly by the “hot’’ and ‘‘cold’’ curves of 
Fig. 11 may be of considerable importance. A 
warm sea under cold air appears to be a very 
unfavorable condition for fog signal transmission. 
Conversely, a cold sea under warm air should be 
highly favorable for long range signaling in air. 

The very poor transmission at low angles over 
sand is shown in Fig. 10. Here, again, air tempera- 
ture gradients produced by the sun beating on 
the sand may still further reduce the received 
sound. 

To signaling in water beneath a calm surface, 
Fig. 7(a) applies. The ultimate signaling range, 
limited by the cancellation of direct and reflected 
rays as grazing incidence is approached, may be 
decreased below what this curve indicates by a 
normal water temperature gradient. Relatively 
warm surface water is unfavorable for long range 
signaling in a calm sea. 

An inverse temperature gradient, with cold 
surface water, may increase the range, but, as 
may be deduced from Fig. 3, cannot produce 
such peak transmission close to grazing incidence 
as sometimes occurs for air signaling over water. 

The unanalyzable effects of ocean waves or of 
air currents, while not forgotten, have not been 
discussed. It would seem likely that irregular 
surface roughness might prevent cancellation 
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Fic. 21. Transmission over a sheet of gasket cork. 


















































































































































W. PIERCE AND A. NOYES, JR. 


P 127 HEIGHT IN INCHES a='%, INCH S= 62 INCHES 


Fic. 22. The effect of superimposing a mesh on a metallic 
surface. 


even at truly grazing incidence, for either air or 
water signals. Wind unquestionably can greatly 
affect the transmission of air signals. 

The theoretical treatment employed is in fair 
accord with experiment for transmission over 
plane homogeneous surfaces, such as water or 


aluminum. The experimental curves for trans. 
mission over dry sand, Celotex and varioys 
cloths are also in agreement with curves calcy. 
lated on the basis of certain assumptions as to the 
effective velocity of sound in these materials. 
The simple theory employed is, however, insuff. 
cient to explain a number of the experimental 
curves such as those for cork, wet sand, crepe 
paper and a metallic surface roughened by a 
mesh. 
ACKNOWLEDGMENT 


We take pleasure in acknowledging our oblj- 
gation to Mr. Paul B. King, Jr., for his assistance 
in the construction of apparatus and the making 
of observations. 








trans- 
Various 
. Calcu- 
Ss to the 
terials, 
insuff- 
mental 
» Crepe 
1 by a 


ur obli- 
sistance 
making 


JANUARY, 1938 Pu hs 


S. A. VOLUME 9 


Apparatus for Acoustic Research in the Supersonic Frequency Range 


ATHERTON Noyes, JR. AND G. W. PIERCE 
Cruft Laboratory, Harvard University, Cambridge, Massachusetts 


(Received June 21, 1937) 






INTRODUCTION 


URING the past few years several pieces of 

apparatus have been built for use, pri- 
marily, in the frequency range between 1000 and 
100,000 cycles per second. It is thought that a 
brief description of some of them may prove 
useful to others who contemplate working in this 
frequency region. The pieces to be described 
comprise a superheterodyne amplifier with 
several unusual features, a standard signal gener- 
ator covering the range from 1 to 100 kc on a 
single tuning dial, and a sensitive, tuned, a.c. 
voltmeter with either linear or logarithmic re- 
sponse. These various devices will be described 
briefly in the following sections. 


1. SUPERHETERODYNE SONIC AMPLIFIER 


For rapid tuning of a selective receiver over a 
wide frequency range the superheterodyne princi- 
ple is attractive. Since, however, the difference 
between oscillator and intermediate frequencies 
is the signal frequency, difficulties are en- 
countered in designing superheterodynes for use 
with signal frequencies as low as one, or even ten, 
kilocycles. Overloading of the intermediate 
stages by the oscillator can, nevertheless, be 
avoided in large part by utilizing a balanced 
modulator for the first detector and thus elimi- 
nating the oscillator frequency from the inter- 
mediate circuits. 

Figure 1 is a schematic diagram of a receiver 
constructed according to this principle, and Fig. 2 
shows the complete wiring diagram. The chassis 
of a small a.c.-d.c. broadcast receiver, with a 
number of changes, was utilized in the con- 
struction ; this accounts for the type of filament 
and B-supply used. 

The cathodes of the balanced detector tubes 
(tubes 3 and 4, Fig. 2) are fed by the oscillator 
(tube 5). A 200-ohm potentiometer permits 
Variation of the relative detector biases for 
controlling the amplitudes of the oscillator 
frequency plate currents in the primaries of the 
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balanced output transformer; phase control of 
these currents, for balance, is accomplished by 
variation of the 400-ohm potentiometer. By a 
proper choice of constants these circuits for 
balancing amplitude and phase have been made 
practically independent of each other. 

The grids of the detector tubes are grounded, 
at the intermediate frequency, through the two 
series resonant circuits shown. This has the 
double advantage of preventing serious unbalance 
due to differences in grid filament capacity of the 
two tubes and of keeping off the signal grid any 
stray voltages of intermediate frequency which 
may be picked up, from the oscillators, by the 
first two stages. 

In the plate circuit of the first I.F. tube a 
switch permits the choice of either an ordinary 
175 ke I.F. transformer or of a magnetostrictive 
filter! for coupling to succeeding stages. When the 
magnetostrictive filter is in circuit the selectivity 
of the set is much increased. A signal which 
passes the filter and beats with the fixed oscillator 
(tube 6) produces a very sharply peaked audible 
beat note. The fixed oscillator, which may be 
turned on or off at will, is set about 1 kc from the 
filter frequency so that, as the tuning oscillator is 
varied, a very sharply peaked audible response is 
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Fic. 1. Functional diagram of superheterodyne ampli- 
fier and detector with balanced modulation for eliminating 
the local oscillator frequency from the intermediate circuits, 
and with a magnetostriction filter for obtaining high 
selectivity. 


1G. W. Pierce, U. S. Patents Nos. 1,997,599, 2,063,949, 
1,882,396. H. H. Hall, “A Magnetostriction Filter,” Proc. 
I. R. E. 21, 1328 (1933). 
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Fic. 2. Complete wiring diagram of the amplifier of Fig. 1. 


obtained about 1000 cycles away from zero beat, 
and on one side only of zero. The set is calibrated 
in terms of this peaked response; when it is 
obtained the tuning dial of the variable oscillator 
reads the signal frequency directly. When less 
selectivity is desired, as, for example, in the 
reception of voice-modulated supersonic signals, 
a switch permits the replacement of the filter by 
an ordinary tuned I.F. transformer. 

The particular filter, which behaves quite 
satisfactorily, was constructed very simply. The 
primary and secondary circuits of a 175 kc 
transformer for a midget broadcast receiver were 
shielded from each other by a }-inch thick 
metallic vane closing the coil can transversely. 
Through a hole centrally located in this vane 
passes the nichrome vibratory rod; the length of 
the rod is such that it vibrates in its third 
harmonic mode of longitudinal vibration at 
175 kc. The rod is supported by three pointed 
screws, tapped into the shielding septum and 
bearing on the rod in three holes equally spaced 
around its circumference at the center. The coils 
of the transformer are located at the third 
harmonic nodal points, one quarter wave-length 
from the ends of the rod. 

The receiver is sensitive to a 1-microvolt signal 
and essentially flat over practically its whole 


tuning range, although the coupling impedances 
of the first two stages are such as to cause a 
decrease in sensitivity below 5 kc. This is 
desirable in order to avoid howling due to acoustic 
feedback, at low tuning frequencies. The mag- 
netostrictive filter also helps to prevent howling, 
but in order to use the apparatus at high gain for 
frequencies as low as one or two kilocycles we 
have sometimes found it necessary to plug ina 
speaker the high frequency response of which has 
been suppressed. The terminals marked “Jack” 
in Fig. 2 are for this purpose, or, when desired, to 


Fic. 3. Sonic amplifier of Fig. 2, with a piezoelectric sound 
receiver plugged in input jack. 
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Fic. 4. Wide range standard signal generator. 


connect the output to a tape recorder or other 
indicating apparatus. 

A photograph of the complete unit is shown in 
Fig. 3. 


2. STANDARD SIGNAL GENERATOR 


Another piece of equipment which is much 
used in testing and calibrating, and also, with an 
amplifier, to energize a vibratory sound source, is 
the standard signal generator shown in Fig. 4. 

As the functional wiring diagram (Fig. 5) 
shows, it utilizes a beat frequency oscillator to 
obtain the tuning range of 1 to 100 kc necessary 


at 400 cycles, or from an external source. 


SUPERSONIC RESEARCH 


| AMLOCYCLES 


ANOD. AMEASURING C/ACU/ F- 


/-/00AC SIGNAL GENERATOR 
FUNCTIONAL DIAGRAM 


Fic. 5. Functional diagram of standard signal generator. Known voltages from 0.5zv to 1 volt, at any 
frequency from 1 to 100 kilocycles per second are obtainable. The output may be modulated internally 
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for the work in which we are at present engaged. 
Each component oscillator is variable, one 
through a 100 kc range and the other through a 
range of plus or minus 3000 cycles for giving a 
fine adjustment of the output frequency. The 
condenser of this second ‘‘quasi-fixed”’ oscillator 
has plates cut to give essentially a logarithmic 
scale; the main oscillator gives nearly a linear 
scale for the beat frequency, 

Modulation, which may be supplied by a built- 
in 400-cycle oscillator or from an external source, 
is impressed on the output of the quasi-fixed 
oscillator by a pair of balanced modulator tubes 
operating at a fixed bias difference. One volt 
across 3000 ohms is required for 100 percent 
modulation. 

A built-in vacuum tube voltmeter may be 
switched across the output attenuator for meas- 
uring carrier amplitude at this point, or to the 
modulation circuits for setting the modulating 
voltage to a proper value for correct reading of 
the percent modulation control. The meter can 
also be switched to an external binding post for 
connecting to other circuits, and, in addition, its 
microammeter may be used as a d.c. voltmeter 
for checking the bias on the modulator tubes. An 
automatic electromechanical lock prevents the 
switching of this meter unless a protecting shunt 
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is on, and also protects the meter from current 
surges during the warming-up period. 

The output attenuator makes available known 
voltages ranging from one-half microvolt to one 
volt. The internal impedance of the generator is 
ten ohms on the four low voltage taps, 37.5 ohms 
on the fifth, and 150 ohms on the sixth switch 
point. The scale is calibrated in microvolts, and 
in db below 1 volt. 

A pair of high pass filters, insertable before the 
attenuator, serve to eliminate the modulation 
frequency from the output while passing freely 
the modulated carrier. Other filters as indicated 
on the diagram eliminate from the output the 
oscillator frequencies and harmonics of the beat 
frequency. 

Figure 6 is the complete wiring diagram. 


3. MICROVOLTMETER 


For measuring the voltage developed by a 
sound sensitive device in response to supersonic 
excitation a sensitive voltmeter is necessary. The 
need has been met here by construction of the 
microvoltmeter shown in Fig. 7. 


POOK CP FIL 


SOOMWC LP FLL 


%0| OSCH LATOR 





AND G. W. 


: Lt KILOCYCLES 


‘3 
? 


PIERCE 


Fic. 7. A microvoltmeter, with variable LC tuning 
from 10 to 100 kilocycles per second and either linear or 
logarithmic response. 


As the circuit diagram (Fig. 8) shows, this 
instrument consists of a tuned amplifier and 
rectifier combination with a single-dial tuning 
range from 10 to 100 kc, and an indicating meter 
whose readings may be either proportional to or 
logarithmically related to the input voltage. 

For the linear scale the log-lin switch is thrown 
to the lin position. This places the indicat- 
ing microammeter (designated pv or db in Fig. 
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Fic. 6. Complete wiring diagram of standard signal generator. 
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8) in the cathode lead of the upper diode 
element of tube 9. A plot of microammeter scale 
reading vs. input microvolts is linear and directed 
through the origin for meter readings greater 
than about 15 wa. A calibrated attenuator follow- 
ing the first (buffer) tube of the amplifier train 
permits a control of volume through a 70 db 
range. 

The logarithmic scale on the meter, which is 
often more useful than the linear scale for general 
acoustic work, is obtained by combining in the 
meter the currents of three diodes which are 
driven by three super-control pentodes excited 
from successive points on the amplifier train. 
Fig. 9(a) shows how one of these super-control 
tubes is combined with a diode, and Fig. 9(b) 
illustrates the relation between diode current and 
the logarithm of the applied voltage for such a 
combination. The diode selects for the meter the 
negative swings of plate current only, and the 
average of these negative loops is compressed so 
that for a limited region the meter current is 
nearly a logarithmic function of the grid voltage. 
In the absence of signal the diode current is 
balanced to zero by adjustment of R. The tube 
supply voltages are obtained across a pair of 
glow discharge tubes, and are nearly constant. 


APPARATUS FOR SUPERSONIC RESEARCH 


Fic. 8. Wiring diagram of microvoltmeter. 
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A 60-db logarithmic range is obtained by 
successive addition of three response charac- 
teristics such as are shown in Fig. 9(b). For 
logarithmic operation the log-lin switch of Fig. 
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Fic. 9. (a2) Schematic circuit showing the combination of 
a variable-u tube with a diode to obtain a diode current 
nearly proportional to the logarithm of the input voltage, 
and, (5) the current vs. signal level characteristic of such a 
device. Three such units combine their outputs to yield the 
60 db logarithmic scale of the microvoltmeter. 
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Fic. 10, Calibration of the logarithmic scale of the 
microvoltmeter. 


8 is thrown to the log position. At low signal 
levels tube 6 and the lower diode element of 
tube 9 alone function to pass current through 
the microammeter. As the signal strength in- 
creases tube 6 overloads, contributing thereafter 
a constant current to the meter, and tube 7 and 
its associated diode carry on. Eventually tube 7 
overloads too, and tube 8 comes into action. 
Series resistors in the grids of the three super- 
control tubes prevent excessive loading of the 


amplifier train and, by their self-biasing action, 
increase the range somewhat. 

Figure 10 shows the meter reading ag , 
function of input voltage expressed in db. This 
scale is nearly, though not quite, independent of 
frequency. The meter face has been made dire 
reading in decibels. 

The wide frequency range of the instrument js 
obtained by a simultaneous variation of L and ¢ 
in the single tuned circuit. The plan photograph 
(Fig. 11) of the apparatus shows the rack-and. 
pinion coupling between the condenser shaft and 
a magnetic yoke which slides over the tuning 
inductance. This yoke consists of an external shelj 
and central core, formed of Polyiron, obtained 
from Aladdin Radio Industries, Inc., in Chicago, 
It was found that the gain of the tuned stage 
could be kept nearly flat provided the condenser 
varies-in a proper manner as the inductance js 
changed and, fortunately, a National SLF cop. 
denser came very close to satisfying the require. 
ments. The fortuitously resulting frequency scale, 


Fic. 11. Plan photograph of microvoltmeter. The three control knobs in the center are resistances R33, Rao and 
Ru of Fig. 8, and serve to set the diode currents to zero in the absence of signal. The polyiron shell (front, center) Is 
moved over the tuning coil by a rack and pinion geared to the condenser. 
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action, which may be seen in the photograph of Fig. 7,is who are pursuing or who contemplate super- 
somewhat spread at the low frequency end, and __ sonic research. 

r asa | this is considered an advantage. 
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Acoustical Detection of Electrically Weak Vibrations in Quartz Plates 


W. H. PIELEMEIER 
Pennsylvania State College, State College, Pennsylvania 


(Received June 22, 1937) 


Correlation of extensive results obtained from Y-cut plates with those obtained from X-cut 
and other plates leads to the conclusion that some thickness vibrations may produce a consider- 
able acoustical effect while their electrical effect may be absent or at least difficult to detect by 
ordinary methods. The cause of this condition is thought to be the relatively strong electrical 
effect of the shear vibration or of certain length vibrations (harmonics) that happen to be quite 
near the mechanical thickness frequency responsible for the detected sound waves. Obviously 
the latter is more effective in producing sound waves traveling normal to the plate. The effect 
of humidity on the wave velocity was also studied. Two dispersion regions in air were dis- 


covered. 





DIFFERENCE IN THE PERFORMANCE OF X- AND 
Y-Cut PLATES 


ESIDES the familiar difference between X- 

and Y-cut plates as to the product of 
frequency and thickness there was also found to 
be a difference in the type of response curves 
obtained with a Pierce interferometer. The peaks 
obtained with the X-cut plates were usually 
symmetrical. When minor peaks appeared their 
spacing was greater than the major peak spacing. 
With Y-cut plates this relationship was reversed. 
Other dissymmetries when present were reversed 
for the two cuts also. The product of the elec- 
trically observed frequency (in kc/sec.) and the 
plate thickness (in cm) is approximately 192 for 
Y-cuts and 286 for X-cuts. The product of this 
observed frequency and twice the major peak 
spacing (apparent half wave-length) obtained 
with Y-cut plates is about one percent too large 
to indicate 331.6 m/sec. at 0°C. However, the 
minor peak spacing fits this frequency very well. 
With X-cut plates the major peak spacing fits the 
electrically observed frequency. Most X-cut 
plates do not produce minor peaks. 

A plate purchased by one of the writer's 
students as an X-cut for amateur broadcasting 
purposes was found to be a Y-cut. It was coated 
with aluminum by Dr. H. L. Yeagley who used a 
modification of Strong’s method of coating 
telescope mirrors. It was then tried in the Pierce 
interferometer. The plate current peaks re- 
sembled those for Y-cut plates* so closely that it 


was suspected at once as a Y-cut. Other tests! 
were tried and they lead to the same conclusion, 

The frequency of this plate is probably the 
highest that has been used for supersonic work in 
air. The wave-length in air is less than 0.1 mm, 
Very careful adjustment of the reflector was 
required to obtain good plate current peaks. The 
sound absorption at this frequency is enormous, 
the longest observable resonance column being 
about fifty wave-lengths (less than 0.5 cm.) 

A plate made by the Bliley Electric Company 
was tried. It vibrated so vigorously that the 
472nd resonance position was easily observed 
when the plate was used with a 201A tube in the 
driving circuit. The peaks were symmetrical (no 
minor peaks) and the frequency thickness 
product was 289. (See Fig. 1.) 

Before the writer had used an X-cut plate that 
produced minor peaks, he was of the opinion that 
the minor peaks (from Y-cuts) were produced by 
the resonance resulting from the higher order 
reflections.*: > It was assumed that the waves had 
their velocity decreased somewhat by absorption, 
reflection, etc., to a limiting minimum value thus 
requiring a slightly shorter resonance column 
than that for the first few trips when their 
intensity was high. The chief reason for this 
assumption was the fact that only one frequency 
could be detected electrically and it corresponded 
to the spacing of the weak minor peaks and not to 
the major peak spacing. Other reasons are listed 


. Pielemeier, Phys. Rev. 34, 1184 (1929). 


1W.H 

2 W. H. Pielemeier, Phys. Rev. 36, 1005 (1930). 

3 W. H. Pielemeier, Phys. Rev. 38, 1236 (1931). 

4W.H. Pielemeier, Phys. Rev. 41, 833 (1932). 
H 


5 W. H. Pielemeier, J. Acous. Soc. Am. 7, 37 (1935). 
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in an earlier article.*: ° At present it seems that 
the major peaks obtained with the Y-cut plates 
were produced by a purely mechanical vibration 
that was maintained by one or more of the 
piezoelectric modes of the plate. 

With one of the special X-cut plates the 
fundamental length vibration (71° from the 
Z axis) was observed by means of a microscope 
magnifying approximately 450 diameters. Points 
near the end of the plate which reflected the light 
strongly appeared to be drawn into short lines in 
the direction of motion. The amplitude was 
310)" cm. This is roughly thirty times the 
nonresonance thickness amplitude computed on 
the basis of 2.5A, per volt of applied potential 
difference. The frequency of this plate was 50 
kc/sec. Therefore, the maximum acceleration 
was about 186 mi./sec.” (The magnified image had 
450 times this acceleration.) Thus the ends of the 
quartz bar experienced accelerations considerably 
greater than the radial acceleration in a cream 
separator but less than one tenth that obtained 
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QUARTZ PLATES 213 
recently with the ultracentrifuge. The latter 
actually exploded solid metal rotors. Due to the 
formation of condensations and rarefactions in 
the quartz, the harmonic changes in the length of 
the bar are accompanied, along the middle 
portion, by slight harmonic thickness changes of 
the same frequency (50 kc/sec.). This is much 
less than the natural thickness frequency but the 
flat side of the bar radiated sufficient sound to 
provide a check by wave-length measurements. 
Probably the minor peaks observed with some of 
the other plates were produced in a similar way 
by that harmonic of the fundamental length 
vibration which was nearly in unison with a 
mechanical thickness vibration. The latter proba- 
bly produced the major acoustical effect and with 
the Y-cut plates the former (the harmonic) 
apparently produced not merely the minor peaks 
but also the only detectable electrical effect. The 
mechanical thickness vibration in most Y-cut 


° J. W. Beams and E. G. Pickels, Rev. Sci. Inst. 6, 299 
(1935). 
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Fic. 1. (X-cut Bliley plate, »=1924 kc/sec.) Curve showing how the galvanometer current 
(plate current in the interferometer circuit minus the bias current) varies with the position of the 
acoustic mirror. The unbiased plate current was about 2.4 ma. Since the bias current is constant 
this is also the variation in the plate current. With Y-cut plates the peaks have a more gentle slope 
on their left side if the minor peaks are too weak to show as separate peaks. 
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plates may be maintained chiefly by close 
mechanical coupling with that length vibration 
having nearly the same frequency. This is in 
harmony with the findings of Giebe and Scheibe’ 
and others. Such plates may begin vibrating 
more readily because there is good feed-back in 
the driving circuit produced by the piezoelectric 
effect of the length vibrations (X-waves ac- 
cording to Cady’s* nomenclature). 

Since the only thickness vibration of a Y-cut 
plate that is known to produce polarization is a 
shear vibration and since the calculated frequency 
for this type agrees well with the electrically 
observed frequency the two might be identical. 
Little acoustic output would be expected and if 
any is present it should have twice the frequency 
of the shear vibration. The observed minor peaks 
did not indicate a double frequency so the 
acoustic output of the shear vibration must have 
been very small and the minor peaks must have 
been produced by a harmonic of the length 
vibration, which however might also be a shear.** 

The other acoustically observed frequency, 
differing from this one by about one percent 
produced the major acoustic output but no 
observable electrical output. The computed value 
of the fundamental of an expected purely me- 
chanical thickness vibration is approximately 
3 the observed value.® This simple ratio may have 
significance but at present it is thought that the 
frequency responsible for the major acoustic 
output is like other parasitic frequencies observed 
by radio engineers except that it is purely 
mechanical and could not be detected electrically. 


FREQUENCY DETERMINATION 


Since there appear to be purely mechanical 
vibrations with some plates it is important for 
velocity investigations to measure the frequency 
by other than electrical methods. If the velocity 
of sound in air at ordinary room conditions is 
known with sufficient precision the equation 
v= V/ furnishes a very convenient and inde- 
pendent method. Thus a rather close scrutiny of 
the whole question of the velocity of sound in air 
is justified. 

7E. Giebe and A. Scheibe, Ann. d. Physik 9, 92-175 
COW. G. Cady, Proc. I. R. E. 18, 2136 (1930). 


% B. van Dijl, Physica 3, 317-326 (1936). 
® Koga, Physics 3, 70 (1932). 
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Grabau’s” and Reid’s" data indicate that thy 
velocity of sound in dry air at 0°C (not CO, free) 
is 331.45 m/sec. in the frequency range 20 to 79 
kc/sec. This is in exact agreement with the val 
for audible sound given in the Internationg 
Critical Tables. 

Most of the theoretical work on velocity of 
sound in gases is quite general and is intended ty 
cover wide ranges of the variables. This is the 
case also of the work of Dr. H. L. Saxton of this 
laboratory which may appear soon. For the 
ranges of ordinary room conditions and the 
proper frequency range the velocity can 
calculated to five significant figures by the 
equation 


V=(yP/p)!, (1) 


where y=C,/C, and P/p is the ratio of the 
pressure to the density. Probably the bes 
effective values of y are obtained acoustically, jp 
which case the frequency must be known pr. 
cisely. For such calculations p must be known j 
precisely for that absolute value of P whichis 
substituted in Eq. (1). Since the value of g isa 
factor in P, it is not sufficient to merely know 
that p was measured at 760 mm of mercury. A 
definite value of g is necessary also. If this item 
were stated with density tables, it would save the 
time required to look elsewhere for it. According 
to the International Critical Tables the density d 
dry air at 0°C is 1.2930(10)-* g/cm? at one normal 
atmosphere. (A,=1013250 dynes/cm?, old edi- 
tion). These tables give the velocity of sound at 
these stated conditions as 331.45 m/sec. The 
corresponding value of y is 1.4019. A. B. Wood" 
gives y=1.402. V. O. Knudsen" gives 1.405 and 
C. D. Reid" gives 1.4035 (apparently for C0; 
free air). Reid!! states that this is in goo 
agreement with the best results today, computed 
from the velocity of sound at audible frequencies 
A probable reason for the slight discrepancies is 
given below. For ordinary changes in pressure the 
ratio P/p remains constant; therefore, its value 
obtained from the above values of A, and» 
should hold for the conditions of the writer’ 
measurements as far as variations in pressure are 
concerned. If the frequency and humidity at 


10M. Grabau, J. Acous. Soc. Am. 5, 1 (1933). 
uC, D. Reid, Phys. Rev. 35, 814 (1930). 

2 A. B. Wood, A Textbook of Sound, p. 505. 

13 V, O. Knudsen, Architectural Acoustics, p. 18. 
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VIBRATIONS IN 


within the proper range, is nearly independent 
of small temperature and pressure changes. 


EFFECT OF HUMIDITY 


For larger ranges of the variables, however, the 
effective value of y varies with the percent water 
vapor, the sound intensity and frequency, the 
temperature, pressure and the composition of the 
air, Over certain ranges of all these variables the 
change in y is negligible. Apparently, Grabau’s"® 
measurements come within these ranges. The 
writer obtained the following empirical equation 
from Grabau’s'’ and Reid’s" data: 


273+1\} 
y-[ss1s(—) +7.3(10)-*11P |m/sec, 
273 (2) 


where ¢ is the air temperature in degrees C, 


II is the relative humidity expressed as a 
fraction, 

P is the saturated vapor pressure in mm 
of mercury at /°C 

(IP = p, the actual vapor pressure). 


As stated above this formula is limited to 
certain ranges of the variables. The writer’ 
reported the discovery of the marked effect of 
water vapor on the absorption of sound in COs: in 
1928. In the light of this and the work of Rogers!“ 
in this laboratory and the excellent work of 
Knudsen and Kneser™ on water vapor as an 
impurity in O, and in air one might expect some 
dispersion in air and more in Os. Ishii!’ found 
some evidence of dispersion in air and the work of 
Sinness and Roseveare!* shows a definite velocity 
dispersion accompanied by an absorption maxi- 
mum as the water vapor content is increased in 
0». The relation of the frequency and the critical 
vapor pressure is in harmony with the findings of 
Knudsen® and Kneser.'® Fortunately from the 
viewpoint of frequency measurements above 150 
kc/sec., saturation occurs at room temperature 
before the critical vapor content is reached at 
which there occur the anomalous absorption and 


“H. H. Rogers, Phys. Rev. 45, 208 (1934). 

A936) O. Knudsen and L. Obert, i Acous. Soc. Am. 7, 249 
*Kneser and Knudsen, Ann. d. Physik 21, 682 (1935). 
"C, Ishii, Inst. Phys. and Chem. Research, Tokyo, Sci. 

Papers No. 560, p. 201, March (1935). Also Abstract 

No, 3125, Science Abstracts, 1935. 


‘LS. 'Sinness and W. E. Roseveare, J. Chem. Phys. 4, 
427 (1936). 
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Fic. 2. Curves showing how the position of the acoustic 
mirror for a given peak changes with rising temperature 
as the relative humidity, H is kept approximately constant. 
Curve A: 220th peak position at °C. H=18%, v=611.8 
kc/sec. Curve B: 200th peak position at °C. H= 20%, 
v=548.7 kc/sec. Curve C: 200th peak position at (°C. 
H=35%, v=517.6 kc/sec. For curve B add 1.00 mm to A’s 
ordinates. For curve C add 5.00 mm to A’s ordinates. 


the dispersion due to the oxygen content of the 
air. However, it is not so favorable in regard to 
another slight dispersion region due to the CO, 
content of the air. These dispersion regions are 
discussed in another paper. 

The author’s most careful measurements cover 
the frequency range 500 to 1100 kc/sec. Although 
the two dispersion regions in air were discovered 
they occur so that over the temperature range 
18 to 28°C and the relative humidity range 20 to 
40 percent the velocity at a given temperature 
and relative humidity varies less than 0.1 m/sec. 
over this frequency range. 

Room temperatures are usually within the 
range 20 to 24°C and the relative humidity can 
easily be made 35 percent or less in an inter- 
ferometer. Frequencies outside the above range 
might be desired. If not, the variation in velocity 
can be decreased somewhat. Lower frequencies 
are much less reliable than higher ones. The 
writer found no apparent difference in the velocity 
at 0.5 and 3.5 megacycles/sec. For all these 
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conditions the velocity is definitely on the high 
velocity side of the dispersion regions and the 
constants in Eq. (2) should be changed from 
331.45 to 331.65 and from 7.3 to 8.0. With these 
changes the velocity can be calculated for a 
convenient temperature and humidity of the air 
in the interferometer. Then the wave-length can 
be measured to four or five significant figures. 
The frequency calculated from these two values 
is then reliable to the same number of figures. 
This is sufficient precision for most inter- 
ferometer work with other gases. The writer also 
used the following equations: 


Vu =343.51+1.4 H 


where Vy is the velocity at 20°C and relative 


humidity, // (0.18 to 0.25) and 


V.=332.36+0.574 t, for JI, 18 to 23 percent. 
t, 15 to 25°C 


The V,-temperature curve is surprisingly straight 
up to about 26°C even for /7=30 percent. (Se 
Fig. 2.) 

With X-cut plates the frequency can fp 
checked by beating it or one of its harmonics with 
a convenient broadcast frequency. The autho 
used two telescoping tubes as a resonator to 
measure the beat frequency with an error of 
about one percent. The error in the crystal 
frequency is, therefore, about 0.01 percent o, 
less. The use of X-cut plates when possible js 
therefore, recommended. 
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1. INTRODUCTION 


HE object of this investigation was an in- 

vestigation of the attenuation due to fric- 
tion and scattering of h.f. sound waves in 
aerosols, viz., gases having solid particles in 
suspension. Sewell' has treated this problem 
theoretically but the only recorded measure- 
ments are those of Altberg and Holtzmann? who 
used a short rod in longitudinal vibration as 
source and a torsion vane detector. 


2. APPARATUS 


Piezoelectric quartz oscillators of frequencies 
42, 98 and 695 kc/sec. were used operating in a 
Pierce acoustic interferometer. The circuit is 
shown in Fig. 1. It will be noted that the high 
frequency part is separated from the direct 
current. The supersonic waves radiated from the 
quartz are returned from the surface of a move- 
able plane reflector to fall back on the crystal. 
This causes a reaction registered by a change in 
the direct current recorded by the milliammeter. 
As the reflector is moved along the direction of 
propagation of the supersonics, a series of peaks 
and troughs in the anode current record is 
obtained, the cycle occurring once in every half 
wave-length. It has been shown by one of us* that 
the amplitude in the pseudo-stationary waves at 
any distance x from the source while the reflector 
is at a distance / passes through a series of 
maxima and minima given by aye*! cosh [a(x—/) ] 
and aye*’ sinh [a(x —/) ] as (x—/) changes, a being 
the attenuation constant in the gas. At the source 
(x=0) the variation in amplitude is between 
ae*' and 0, as 1 varies. Klein and Hershberger* 
have shown that this variation will be faithfully 
copied by the reaction on the circuit, and hence, 
by the milliammeter readings, provided the h.f. 
voltage across the quartz is unchanged. This 
voltage was measured by a rectifier and gal- 





‘Sewell, Phil. Trans. Roy. Soc. 210A, 269 (1910). 

* Altberg and Holtzmann, Physik. Zeits. 26, 149 (1925). 
*Richardson, Proc. Roy. Soc. 146A, 64 (1934). 

‘Klein and Hershberger, Phys. Rev. 37, 760 (1931). 
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A. VOLUME 9 


vanometer in the early stages of the experiments 
but it became apparent that, owing to the rela- 
tively small attenuations produced by the smoke, 
no special precautions were necessary to ensure 
this constancy. The attenuation could therefore 
be directly measured from the change in the 
“spread” of the peaks and troughs in the anode 
current as the reflector was moved out. For the 
sake of precision in these observations the micro- 
ammeter with backing battery, shown in the 
circuit diagram, could be switched into operation 
when conditions had become stable. 

The quartz and reflector on its micrometer 
screw were mounted in a box 7 cm X 7 cm X 12 
cm (capacity 600 cc) the top and bottom being 
made of brass whilst the long sides were of glass. 
The end holding the micrometer screw was of 
thick brass, but the opposite end supporting the 
crystal holder was of ebonite. The glass sides 
were sealed on with picein. Two gas taps were 
soldered to the top. 





Fic. 1. Oscillator circuit. 


3. PREPARATION AND ANALYSIS OF SMOKES 


At first polydisperse systems formed by burn- 
ing magnesium oxide or stearic acid in air 


were used. 

The importance of using a definite mass con- 
centration, and a constant current of air, to 
obtain reproducible smokes, was first discovered 
from the researches of Whytlaw-Gray and 
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Patterson.* In subsequent experiments great care 
was taken always to produce the smokes in 
exactly the same manner. This paper also pointed 
out that magnesium oxide has a high rate of 
coagulation, but that stearic acid has a small rate 
of coagulation, and so experiments were next 
carried out with this smoke. 

Great care was taken in the method of prepara- 
tion of these smokes, as the rate of coagulation is 
only the same for similar smokes; that is to say, 
those prepared in a similar manner. The constant 
weight in each case was 0.1 g. The solid was 
gently warmed in a curved silica tube, until it 
just began to melt. The smoke was then aspirated 
into the chamber at a constant rate. While in the 
chamber the smoke was kept in gentle circulation 
by means of a Leach circulator.® Finally, results 
were taken at a certain constant time (1 min.) 
after the entry of the gas. It was absolutely 
necessary to take the greatest precautions in 
these details, to ensure that similar smokes were 
used in each case. 

From time to time, it was found to be ex- 
tremely difficult to make the quartz oscillate 
when stearic acid was being used. This was due to 
shorting between the electrode leads, caused by 
the stearic acid settling on the end-piece of the 
chamber. These had to be cleaned periodically 
and in one case, a new end-piece had to be intro- 
duced. The difficulty did not arise with the other 
smokes, as they are good insulators. 

It was desirable in testing Sewell’s theory to 
make measurements in a “‘monodisperse”’ sys- 
tem. The botany department of this college 
kindly supplied a fungus (lycoperdon or puff-ball) 
which produced spherical particles in the form of 
a fine dust. The fungus was gently shaken in a 
container fitted with a very fine meshed sieve. 
The fine spores passed through the filter, and 
great care had to be taken to perform these 
experiments in a place free from any air motion, 
as the slightest air currents made the spores 
difficult to handle. Lycoperdon particles (5yu 
diameter) are much larger in size than the par- 
ticles of the previous smokes. They were used 
because they form a convenient ‘‘smoke’”’ of 
uniform-sized spheres ; hence the results could be 
readily compared with the theory of Sewell. 


5 Whytlaw-Gray and Patterson, Smoke (1932), pp. 43-51. 
* Leach, New Phytol. 29, 285 (1930). 
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A set weight (0.05 g) of lycoperdon was used, 
and always introduced into the chamber by 
means of a funnel attached to a gas tube in the 
roof. The arrangement was fitted with a tap 
that the supply could be shut off when necessary. 
Because of the relatively large size of the par. 
ticles, it was found impossible to use the mercury 
circulating pump to maintain a suspension, Ip. 
stead a gentle rocking was maintained by means 
of two small bladders. 

A small boat containing calcium chloride was 
kept in the bottom of the interferometer to 
absorb any moisture present in the air. It was 
also found advantageous to place a glass wool 
filter between the mercury pump and the experi- 
mental chamber. Prior to this introduction the 
circulating pump frequently stopped work, due to 
the smoke particles contaminating the mercury, 

The “size frequency curve’ of the magnesium 
oxide and stearic acid smokes was determined in 
situ by allowing them to settle in the chamber, 
after turning off the circulating pump. A narrow 
beam of light passing through the glass windows 
near the bottom was intercepted by the falling 
particles, and then irradiated a photoelectric cell, 
giving a linear response to illumination. If the 
particles fall freely under the Stokes-Cunningham 
law, then it has been shown by one of us’ that a 
record of the photoelectric current with time will 
give the summation curve for the system, i.e., a 
curve such that any ordinate represents the total 
number of particles having velocities of free fall 
up to that represented by the corresponding 
abscissa on the time axis. Such a curve for the 
stearic acid smoke is shown in Fig. 2. To find the 
relative numbers of particles having a given 
velocity, and therefore a given diameter in the 
Stokes-Cunningham scale, it is only necessary to 
measure the slopes at the corresponding abscissae. 
Plotting these slopes against the corresponding 
velocities, or diameters, gives the distribution or 
size frequency curve (Fig. 3). Details of the 
theory and practice of this method of “‘mechan- 
ical analysis” will be found in the paper cited.’ 
The same device of the intercepted beam of light, 
while the smoke was maintained in suspension by 
the pump, served to measure the relative concet- 
trations of smokes of the same kind, and to detect 


7 Richardson, J. Sci. Inst. 13, 229 (1936). 








aS Used, 
iber by 
€ in the 
1 tap so 
cessary, 
the Par- 
mercury 
ion. In- 
y means 


‘ide was 
leter to 
. It was 
4SS_ wool 
> experi- 
tion the 
K, due to 
nercury, 
gnesium 
nined in 
hamber, 
. narrow 
windows 
e falling 
tric cell, 
1. If the 
ningham 
s’ that a 
time will 
n, i.e., a 
the total 
free fall 
sponding 
> for the 
find the 
a given 
+r in the 
sssary to 
bscissae. 
sponding 
yution oF 
; of the 
mechan- 
or cited.’ 
. of light, 
nsion by 
> concen- 
to detect 











CURRENT 










PHOTOELECTRIC 





0 





20 
TIME (t) IN MINUTES 


Fic. 2. Sedimentation of particles. Plus sign indicates 
with supersonic radiation; circle with dot, without super- 
sonic radiation. 


changes in concentration during an experiment 
due to leaks or settling on the floor of the 
container. 

Two phenomena have been observed by previ- 
ous workers using supersonics in smokes, which 
are not contemplated by the Rayleigh-Sewell 
theories, viz., the formation of the familiar 
Kundt’s dust figures and coagulation. Both of 
these effects have been studied by Brandt and 
Freund,® and require the use of high power in the 
source. Pearson, who used the dust figures to 
measure the supersonic velocity in air reports 
that at times the power was sufficient to break 
the crystal.* Investigations have been carried out 
by O. Brandt and E. Hiedemann’ and by An- 
drade and Parker" to measure the aggregation of 
suspended particles in gases by sonic and super- 
sonic waves. They have found two principal 
phases of the process. In the first phase, the 
particles oscillate under the influence of the 
sound waves, aggregation taking place due to 
collision of the particles. In the second phase, the 
particles are so much larger that they no longer 
oscillate but describe very irregular motions, as 
observed by Andrade for lower frequencies. Dur- 
ing the second phase, coagulation still continues, 





* Brandt and Freund, Zeits. f. Physik 92, 385 (1934). 
* Pearson, Proc. Phys. Soc. 47, 136 (1935). 
996 and Hiedemann, Trans. Faraday Soc. 32, 1101 


" Andrade and Parker, Trans. Faraday Soc. 32, 1111 
and 1115 (1936). 
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Fic. 3. Size frequency curve of stearic acid smoke. 


due to collision between the enlarged particles 
and the still oscillating smaller particles. Experi- 
ments were performed with varying power and 
the aggregation of the particles was found to 
increase rapidly with the power employed. 

By using an oscillating circuit of small power, 
in the present investigation, it has been possible 
to avoid rapid coagulation at the supersonic 
frequencies considered. 

To test this point a second sedimentation 
curve for the stearic acid was taken after it had 
been irradiated by the supersonics for some 
minutes. The two curves, with or without previ- 
ous supersonic irradiation are shown on Fig. 2, 
and the effect of the supersonics on the coagula- 
tion is not notable. Such change as does exist 
may be due to one or other of the acoustic causes 
discussed by the authors just cited, or it may be 
due to electrical precipitation by the potential 
field of the electrodes, a cause that they do not 
appear to have envisaged, but which is a recog- 
nised method of precipitation in industrial 
chemistry. 

The sedimentation lasted for about forty 
minutes, after which time no variation was shown 
in the readings taken. Inasmuch as considerable 
natural coagulation must have occurred during 
this period the distribution curve obtained gives 
greater weight to the larger particles than was 
probably the fact at the time of measuring the 
absorption. At first the photoelectric cell regis- 
tered a steady rise of current but after about ten 
minutes the readings began to fluctuate. This 
was partly due to slight convection currents 
being set up with the lighter particles. 
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Fic. 4. Magnesium oxide. 98 kc per sec. 


4. OPERATION OF THE APPARATUS 


Before starting a set of experiments it was 
usual to leave the filament current running for a 
few minutes. Thus, when the high tension supply 
was switched on, a steady anode current was 
produced and the crystal was shown to oscillate 
much more easily. Occasionally, on damp days, 
the quartz would refuse to oscillate. It was found 
advantageous, in such a case, to switch the plate 
current on and off, thus producing a sudden 
impulse of electrical energy in the driving circuit. 
From time to time it was necessary to clean the 
crystal in methylated spirits. This usually pro- 
duced much better results, and the quartz oscil- 
lated more easily. Since smokes were being used, 
it was also imperative that the electrodes should 
be cleaned regularly. 

The crystal was left for some time to attain 
steady conditions. During this period, the mer- 
cury gas-circulating pump was set into operation 
by simply opening the rubber clip connecting it 
to the chamber. Before introducing the smoke, 
the air reading was taken by means of the photo- 
electric cell. That is to say, a beam of light shone 
through the air-filled chamber to fall on the cell. 
This produced a deflection on a sensitive gal- 
vanometer which was known as the “air reading.”’ 
The smokes were then introduced into the 
interferometer, and so part of the light was cut 
off, reducing the photo-cell reading. This gave a 
measure of the concentration of the aerosol used. 
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Fic. 5. Stearic acid. 42 ke per sec. 


The smoke particles were kept suspended by 
means of the circulating pump which was regu: 
lated to work with the minimum effort. 

The actual measurements were taken as fol- 
lows. The reflector was moved as far as possible 
from the crystal, and all readings were taken as 
the reflector was approaching the quartz. This 
was adopted in every case, as it was discovered 
that slight variations were obtained, according 
as the reflector was approaching or moving 
further away from the crystal. Care was taken to 
avoid back-lash by turning the screw continu- 
ously in one direction. 

As the reflector slowly approached the crystal, 
positions of maxima and minima were passed 
through, gradually increasing in amplitude. These 
were recorded finally by means of the sensitive 
galvanometer in the circuit. The nodal points 
were registered every half wave-length, their 
actual distance apart being readily calculated 
from the movement of the screw, indicated by the 
number of turns of the large micrometer head. 

In the case of the higher frequency crystals, it 
was quite easy to obtain any number of readings, 
usually about thirty. However, with the smallest 
quartz, only eight to ten maxima and minima 
could be observed, due to the large wave-length, 
and the size of the interferometer chamber. 
Moreover, care was taken never to allow the 
reflector to be nearer than one cm from the 
crystal, as unreliable readings were found. 
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Sets of readings for maxima and minima were 
taken for different smokes, and different fre- 
quencies. The temperature was noted in each 
case. Using a wave meter, the frequency at 
which the quartz was oscillating was readily 
calculated. At the beginning of this investigation, 
the velocity was always obtained by multiplying 
the frequency by the wave-length of the sound 
waves. Later, this calculation was neglected, as 
practically no change in velocity due to introduc- 
tion of the smoke could be detected. 


5. RESULTS AND COMPARISON WITH THEORY 


The results were obtained in the form of a 
series of differences between maxima and minima 
of the anode current readings. The logarithms of 
these differences were then plotted against the 
wave-length and the best straight line drawn 
through them. From the slopes of these lines the 
attenuation per wave-length, and hence, that per 
cm could be estimated. Typical records are shown 
in Figs. 4, 5. 

It will be noted that even in air some apparent 
absorption was indicated; the bulk of this was 
ascribed to diffraction of the radiation, and it 
was assumed that this would be unchanged in the 
smoke, so that any additional slope of the line 
could be ascribed to absorption or scattering by 
the smoke particles themselves. 

Tabulated results for the absorption coefficient 
are given in Table I. 

J. C. T. Sewell has developed a theory based 
on some earlier work of Rayleigh’s for the ex- 
tinction of sound in a viscous atmosphere by 
small obstacles of spherical form.' The theory 
evaluates the loss of energy by the sound waves 
incident upon a large number of spherical par- 
ticles. It is necessary, for the validity of the 
argument, that the volume occupied by the 
obstacles should be small compared with the 
total volume. The formula finally developed by 
Sewell is as follows: 

7 wta4 


6v 3(2wy)! 
0=Nra'( a spain. a —~) =aitar+as, 
ca c 7 & 

N=number of particles per cc, 

a=radius of particles, 

v=the dynamical viscosity 

c=velocity of sound, 

w=pulsatance (27 X frequency). 
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The first two terms in the brackets of the equa- 
tion (a; and az) are frictional terms and represent 
the incident energy lost by friction. The last term 
(a3) gives the loss by scattering. Actually the 
most important term is the first, and as an 
approximation the absorption can be written in 
the form 


a= Nra? X (6v/ca) 
= (6Nrav)/c. 


Sewell assumed the particles to be immobile 
spheres, but when the particle is very small and 
the wave-length large, it will tend to move with 
the oscillations and decrease the effective fric- 
tional terms ; in an appendix to his paper he made 
a correction for such mobility. 

Brandt, Freund and Hiedemann have also 
examined the conditions under which this 
mobility of the particles takes place.” Their 
results indicate an increase in the absorption 
values, as the frequency increases, for small 
particles. 

By examining the tabulated results for @ in 
each of the smokes, it can be seen that the 
absorption coefficient increases with concentra- 
tion, as theory indicates. 


Lycoperdon spores 


The smoke obtained with the lycoperdon 
spores gave spheres of uniform size (diameter 


TABLE I. 
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FREQUENCY 





























42 Kc/sEC. 98 Kc/sEC. 695 Kc/sECc. 

Rel. Cone.* 0 6 13 22 0 17 25 0 8 
Slope per cm 0.21 0.23 0.25 0.31 | 0.055 0.09 0.17 | 0.25 0.45 
Abs. Coeff. — 0.009 0.018 0.046} — 0.025 0.053; — 0.092 

Srearic Acip 
FREQUENCY 42 Kc/sECc. 98 Kc/sEC. 695 Kc/sEc. 
Rel. Cone. 0 5 10 0 15 24 0 18 27 
Slope per cm 0.21 0.27 0.37 | 0.057 0.115 0.145 | 0.25 0.35 0.41 
Abs. Coeff. — 0.028 0.075} — 0.025 0.040} — 0.045 0.075 

LYCOPERDON 
FREQUENCY 42 Kc/SsEc. 98 Kc/SEC. 695 Kc/sEc. 
Weight (g) 0 0.05 0 0.05 0 0.05 
Slope per cm 0.225 0.29 0.057 0.125 0.255 0.34 
Abs. Coeff. — 0.029 — 0.031 _ 0.039 








*“*Zero” concentration indicates air alone. 


® Brandt, Freund and Hiedemann; Zeits. f. Physik 104, 
519 (1937). 
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=5yu). Knowing the number of particles per cc 
(N), values for the absorption coefficient can be 
calculated from Sewell’s formula, for each of the 
frequencies used experimentally 

(a) Calculation of number of particles per cc (N). 
—The density of the lycoperdon was found by 
floating particles in spirits of alcohol, and adding 
water until the spores remained in suspension. 


Weight 
Density 
Radius (a) 


0.05 g 
0.83 g. per cc 
2.51074 cm 

0.06 
6.5 X10"! 


=9.17X 10%. 


Total number of spheres= 


This number of particles is dispersed in a volume 
of 600 cc. 


9.17 X 108 
600 
=1.5X10°. 


Number of particles per cc (N) = 


(b) The absorption coefficient 


N=1.5X10° particles per cc 
a=2.5X10-* cm 
v=0.15 cm? per sec. 
c=3.4X10* cm per sec. 


The above values were substituted in Sewell’s 
equation for frequencies of 42 kc per sec., 98 kc 
per sec., and 695 kc per sec. The results are 
tabulated in Table II, the effects of aj, az and a; 
of the equation being also shown in the tables. 
The resultant absorption coefficient is obtained by 
adding a1, a2 and a3. The absorption due to the 
change in frequency of the sound waves is shown 
by the results for (a2). This effect is small, and so, 
by theory, the variation of absorption with 
frequency should be a small quantity, except 


TABLE II. 








THEORY 
FREQUENCY; 
CYCLES 
PER SEC. 


42000 5 
98000 10-4) 5X10-* | .0303 
695000 = 5X10-3 | .036 


a3 Net a 


10-4) 110-8 | .0301 | 
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when the size of the obstacle approached the 
wave-length. In actual practice, it was found that 
a increased gradually with the frequency. 

This is confirmed by the only other wor 
known on the absorption of sound waves jy 
smoke, which was done by Altberg and Holt. 
mann? in tobacco smoke. They used a rod, ¢x. 
cited in longitudinal vibrations by continuoys 
friction as source, and a pressure vane as detector. 
The frequency range was from 5 to 20 ke per sec, 
and the absorption coefficient in a smoke of 
density 7X10-* g per cc rose from 0.0025 to 
0.014 in this range. As they made no analysis of 
their smoke, comparison with theory is not 
possible. 


Stearic acid 


From the sedimentation curve for stearic acid, 
the size frequency distribution of the particles 
has been evolved, as shown previously. Knowing 
the relation between the number of particles (J) 
per cc, and the diameter (d) of the particles, 
three graphs have been drawn to show the rela- 
tion between (1) N and d, (2) N and a?, (3) V 
and d*. The areas of each of these graphs were 
calculated, and these values may be substituted 
in Sewell’s equation to obtain a theoretical value 
for the absorption coefficient. 

The theory of the method is as follows: 

From the graph of N and d*, the true values for 
N were determined, as already indicated. 

From the first term: 


a= (3rvNd)/c. 


The area of the graph showing the relation 
between N and d has been found to be 462 from 
graph (1) (Fig. 3), and so this value for Nd can 
be substituted to give a,;=0.020. 

From the second term: 


ae = (x Nd?) /4X3(2wv)'/c. 


The value of Nd? has been found from the area 
under the N : d? graph (not reproduced) to be 
0.124 units. Hence at a frequency of 695 kc 


a2 =0.124 3.9 10°? =0.005. 


The third term has been neglected as being to 
small to produce a measurable effect. Hence 


a=0.020+0.005 = 0.025 
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4s compared with the experimental value of 0.045 


for this concentration (reading of 18 on photo- 
electric cell, Table I). The experimental absorp- 
tion was usually greater than the theoretical at 
the highest frequency, recalling in this respect the 
behavior of pure gases at supersonic frequencies.’ 


6. CONCLUSIONS 


The results of this research are in accordance 
with theory in respect that the attenuation of 


supersonics in aerosols increases in direct propor- 
tion to the concentration of the solid in suspen- 
sion, but whereas theory indicates but little 


increase of attenuation with frequency, in actual 


practice there is a considerable rise in this factor 
as the frequency increases. This is paralleled by 
the anomalous viscous absorption and scattering 
of supersonics shown by certain pure gases. There 
was no measurable change in the velocity of the 
radiation in any of the smoke suspensions. 
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The Effect of Containing Tubes on Ultrasonic Velocities in Benzene 


Wittiam H. Hutswit, Jr. 


VOLUME y 


Northwestern University,* Evanston, Illinois 


FEW years ago Boyle, Froman and Field! 

published a series of articles dealing with 
the effect of radial resonance in the containing 
tube on the measured velocity of ultrasound in 
liquids. They worked at frequencies below 110 kc 
and investigators who employed higher fre- 
quencies have assumed that the effect is negli- 
gible. If the literature is studied it will be noticed 
that there is a lack of agreement which can be 
accounted for by this radial resonance effect if 
it is not negligible at frequencies several times 
those used by Boyle, Froman and Field. 

Two ultrasonic interferometers were built 
using tubes 25 and 38 mm in diameter. The 
interferometer reflector was carried on a standard 
depth micrometer having a travel of 25 mm. 
A quartz crystal having a natural frequency of 
465 kc was used as sonic generator and was 
driven by a radiofrequency oscillator amplifier 
arrangement employing a 112A type tube as 
oscillator and a 171A type tube as amplifier. 
Aluminum was evaporated on both faces of the 
crystal and the crystal was laid open at the 
bottom of the interferometer tube, electrical 
contact being made to the upper face through a 
light spring and to the lower face through the 
brass bottom plate. The amplifier tube was 
operated at about cut-off and the changes in 
plate current with load were made use of in 
determining nodal positions. 

Frequency was measured with a precision 
wave meter and a correction was obtained using 
a local broadcasting station or its sub-harmonic 
as standard. This procedure resulted in a knowl- 
edge of the frequency to better than 1/10 per- 
cent. In general 14 to 24 nodal positions were 
taken at each frequency. If the probable error 
in the wave-length was greater than 1/10 percent 
the result was rejected. The liquid employed 
throughout this work was a single sample of 


* At present with U. S. Rubber Products, Inc., Passaic, 
N. 


J. 
1 Boyle and Froman, Nature 126, 602-3 (1930); Boyle, 
Froman and Field, Can. J. Research 6, 102- 18 (1932); 


Field and Boyle, ibid 6, 192-202 (1932). 


(Received August 13, 1937) 
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C. P. benzene obtained from the chemistry 
department of Northwestern University. 

The interferometer tube was surrounded bya 
concentric water jacket and the whole was then 
submerged in an electrically heated oil bath, 
The water jacket temperature was maintained at 
27.0+0.1°C. 

The experimental results when using the 25 
mm diameter interferometer are shown in Fig, |, 
It will be noticed that there is a major periodicity 
of about 80 kc in the velocity vs. frequency 
curve and that the maximum change is about 
seven percent. The results when using the 38 mm 
diameter interferometer tube are similar except 
the major periodicity is about 50 ke and the 
maximum change is about 53 percent. 

Field’s theory? may be outlined as follows: 
Consider an elastic tube subjected to a rapidly 
alternating internal pressure. Since the deforma. 
tion of the wall does not attain its static value, 
Korteweg* has suggested that 


= E(1—5h/6a) 


be used in place of the conventional Young's 
modulus £, and where hk is the wall thickness 
and a the radius of the tube. If an excess of 
pressure dp exists producing an increase of 


wa_| IT TT 
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2 Field, Can. J. Research 5, 131-148 (1931). 
3 Korteweg, Ann. d. Physik 5, 525 (1878). 
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ULTRASONIC VELOCITIES IN BENZENE 


radius, é, it is easily seen that 


heE’ de de 
+r—-+ pih— 
dt 


dp= : 
P dt? 


a 


where r is resistance coefficient and p; is the 
density of the wall. 

If we consider the velocity potential ¢, of the 
liquid, then dp=pd¢, where p is the density of 
the liquid. The differential equation then be- 
comes 

de rde Ee pd 


dt? pih dt pa? pih 


The general solution of this differential equation 
is made up of a transient and a steady state 
part. The latter part is 


po 
kas iow Sagat Seana poe ea 
pil( po? — w+ a?+ 2iaw) 


where po is the natural resonant frequency of the 
tube wall and is equal to (6?—a?*)!, where 
8#=E’'/pa? and 2a=r/p,h, and w=2z times the 
impressed frequency. Now since 6?>> a?’ it can be 
shown that we may write e=pd¢/p,h(po?— w”) 
without introducing appreciable error. 

We are now prepared to study the problem of 
the transmission of sound in liquids contained in 
cylindrical tubes. The general wave equation in 
cylindrical coordinates independent of the angle 


ao 106 Ao 
(+--+ )=0. 
Or? ror dz 


The general solution of this equation is 
o=ATo(krjetet—2/ 1), 


where c=(x/p)! is the velocity of sound in the 
unconfined liquid, ¢; is the phase velocity, 
RP=w(1/c?—1/c;2), and Jo is the zero-order 
Bessel function of the first kind. (The possibility 
of k being imaginary is of no importance as far as 
this article is concerned.) 


Let § be the particle velocity in the 7 direction, 
then 


-_ —d¢/dr= kA J, (kr)ei# (t-2/ev) 


and p= | fat (Abia) Ji(ereremeio, 


The boundary conditions are 


(a) Atr=0, ¢=0. This is satisfied by the above. 
(b) Atr=a, f=e=p¢/pih(po?— ow”). 


Applying this second boundary condition, we find 
xJ1(x) —a/h 
Jo(x)  E'/au%p—pi/p 


where x=ka=aw(1/c?—1/c,)}. 


Hence, according to Field’s theory the peaks in 
the velocity vs. frequency curve should occur at 
the roots of the equation 


xJi(x)/Jo(x) =K, (1) 


where K is a function of the size and material 
of the interferometer tube, the density of the 
liquid and of the frequency; and the frequency 
of the peak is given by 


nz=(c/2a)(x/r), (2) 


where c is the unconfined velocity and 2a is the 
diameter of the tube. 

In the range used, 400 to 700 kc, the value of 
K for the 25 mm tube is very close to 1.2, so 
that (1) may be written as 


xJ(x) =1.2Jo(x). (3) 


Field solved equations similar to Eq. (3) by 
interpolating in the standard tables of Bessel 
functions. These tables end at x=16.0 and for 
the purposes of this research it is necessary to 
know the roots of (3) for higher values of x than 
16, so that an alternate method was developed 
making use of the asymptotic expansions‘ of 
Jo(x) and J;(x). Substituting these in Eq. (3) 
and collecting terms it can be shown that the 
roots of Eq. (3) occur at 


x 0.08359 0.008445 
== (N+3)+———-—__+ 
" (N+3) (N+) 


where N is an integer. 


N=5, x/r=5.2500+0.0159 —0.0001 = 5.2658, 
N=6, x/r=6.2634; N=7, x/w=7.2615; 
N=8, x/r=8.2601. 


4See, for example, Peirce, Short Table of Integrals, third 
edition, p. 87. 
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If we substitute these values of x/z in Eq. (2) 

and use the true diameter of 25 mm there is very 

poor agreement, but if we will use an “‘effective”’ 


diameter of 16 mm the agreement is fairly 


good. Then 
n;=424, ng=505, n7=585, ng = 666 kc 


as compared with the experimentally determined 
values of 


n,= 430, ng = 504, n7=580, ng = 664 kc. 


Approximately the same change must be made 
to bring the 38 mm interferometer results into 
agreement. In this connection it should be noted 
that Field and Boyle! have somewhat the same 
difficulty with the position of the “second 
mode”’ of vibration. 

The minor variation of velocity which occurred 
about midway between the major variations can 
be attributed to the water jacket, the dimensions 


HULSWIT, JR. 
of which would result in a resonance phenomenon 
with a period of about 40 kc. 

In conclusion we may say that the variation 
of the measured velocity of ultrasound with 
frequency observed by Boyle, Froman ang 
Field at frequencies below 110 kc is still apparent 
at frequencies up to 700 kc, although the magni. 
tude of the variation is greatly reduced. Field's 
theory seems to give the position of the first 
velocity peak; the agreement on the higher 
order peak can be greatly improved by employing 
an “‘effective’’ diameter of the tube somewhat 
smaller than the real diameter. 

If ultrasonic measurements of velocity are to 
be relied upon to give the true or unconfined 
velocity, then the dimensions of the vessel must 
be very large in comparison with the wave. 
length of the sound used. 

The author wishes to thank Professor B. J, 
Spence for his help and encouragement. 
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Distortion in the Ear as Shown by the Electrical Responses of the Cochlea! 


ERNEST GLEN WEVER AND CHARLES W. BRAY 
Princeton University, Princeton, New Jersey 


(Received August 24, 1937) 









ISTORTION in the ear is shown by the 

appearance in perception of two phe- 
nomena, overtones and combination tones, as a 
result of stimulation with sound waves of simple 
sine form. Helmholtz first developed a physical 
and mathematical explanation of these effects.’ 
He pointed out that any vibratory system gives 
a faithful response to an imposed harmonic 
motion only under the particular condition that 
the elastic forces which tend to restore the dis- 
placed masses to the equilibrium position are a 
linear function of the displacements. Any other 
than the linear function gives distortion, which 
is shown as overtones for a single impressed fre- 
quency and combination tones for two such fre- 
quencies. Most vibratory systems distort in some 
degree, and all do so for large displacements. 

Helmholtz believed that sound producing 
apparatus was chiefly responsible for overtones 
and combination tones. But he considered further 
that the same conditions that produce these 
tones in physical apparatus may also obtain for 
the ear. He regarded the drum and ossicles of 
the middle ear as the most likely sources of 
auditory or ‘‘subjective’’ distortion. 

Helmholtz’ explanation of the origin of over- 
tones and combination tones through distortion 
has been generally accepted, but many, like 
Bosanquet and Waetzmann, have placed the 
chief emphasis upon the ear rather than external 
apparatus as the source of the effects.* 

Conclusive evidence that the ear generates a 
long series of overtones and combination tones 
has been obtained by Wegel and Lane,‘ Fletcher,® 
and Cotton.® 

‘From the Princeton Psychological Laboratory. This 


investigation was aided by a grant from the National 
Research Council. 

7H. L. F. Helmholtz, On the Sensations of Tone, trans- 
lated by Ellis, second English edition (1885), p. 158-159. 

*E. Waetzmann, Die Resonanztheorie des Hérens (1912). 

*R. L. Wegel and C. E. Lane, “‘The Auditory Masking of 
One Pure Tone by Another, and its Probable Relation to the 
Dynamics of the Inner Ear,” Phys. Rev. 23, 266-285 (1924). 

*H. Fletcher, ‘““A Space-Time Pattern Theory of 
Hearing,” J. Acous. Soc. Am. 1, 313-316 (1930). 

‘J. C. Cotton, “Beats and Combination Tones at 
Intervals between the Unison and the Octave,” J. Acous. 
Soc. Am. 7, 44-50 (1935). 
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Helmholtz’ view that the middle ear is the 
seat of aural distortion has been challenged by 
several investigators. There is first of all the 
crucial evidence that persons who have lost the 
drum and the two larger ossicles of both ears 
nevertheless are able to hear combination tones. 
Observations of this fact have been reported by 
Dennert,’ Bingham,’ Schaefer,? and Lewis and 
Reger.!° 

Evidence of a different kind is afforded by 
experiments on the hearing of modulated tones. 
Stowell and Deming" have concluded from the 
results of their experiments that the basilar 
membrane may act as a rectifier under certain 
conditions, and thus may generate subjective 
tones. 

Békésy attacked the problem in a series of 
experiments.” He sought first to determine by 
external measurements whether overtones and 
combination tones are reflected from the drum, 
and obtained negative results. He then studied 
the effect on the perception of these tones of a 
steady pressure exerted upon the drum. He 
found that overtones were unchanged aside from 
reductions of loudness, but difference tones were 
considerably altered. He concluded that the 
middle ear does not produce overtones, but is 
partly responsible for difference tones. Further, 
he observed that auditory fatigue may reduce 
the primary tones without causing much change 
in the difference tone, and considered that the 
difference tone has a locus in the cochlea distinct 


7H. Dennert, ‘“‘Akustisch-physiologische Untersuchun- 
gen,”’ Arch. f. Ohrenhk. 24, 171-184 (1886-7). 

8W. V. D. Bingham, ‘The Réle of the Tympanic 
Mechanism in Audition,” Psych. Rev. 14, 229-243 (1907). 

°K. L. Schaefer, ‘Uber die Wahrnehmbarkeit von Kombi- 
nationsténen bei partiellem oder totalem Defekt des 
Trommelfelles,” Beitr. z. Anat. des Ohres 6, 207-218 (1913). 

10 [), Lewis and S. N. Reger, ‘“‘An Experimental Study of 
the Role of the Tympanic Membrane and the Ossicles in 
the Hearing of Certain Subjective Tones,” J. Acous. Soc. 
Am. 5, 153-158 (1933). 

1 E, Z. Stowell and A. F. Deming, ‘‘Aural Rectification,” 
J. Acous. Soc. Am. 6, 70-79 (1934). 

2G. v. Békésy, ‘Uber die nichtlinearen Verzerrungen 
des Ohres,” Ann. d. Physik 20, 809-827 (1934); ‘‘Physikal- 
ische Probleme der Hdérphysiologie,” Elektr. Nachr. 
Techn. 12, 71-83 (1935). ‘ 
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SOUND INTENSITY IN BARS 

Fic. 1. Analysis of the cochlear responses produced by 
stimulating the ear of the cat with a pure tone of 1000°. 
Intensity functions are shown for ten partials, designated 
by the numbers near the tops of the curves. The number 
“1” indicates the fundamental component of a frequency 
of 1000~, ‘‘2”’ the second partial of 2000~, and so on. The 


dotted branch at the top of curve 1 represents the sum of 
all components. Animal No. WA 4. 


from the tones that produce it. Békésy’s general 
conclusion was that overtones arise in the 
cochlea through ‘‘vortex’’ movements of the 
fluid, while difference tones arise either in 
vibrations of the stapes or within the cochlea. 

Stevens and Newman! investigated distortion 
in the ear by use of the electrical responses of the 
cochlea. They reported results on a cat and a 
guinea pig which showed the presence of aural 
harmonics. 

The experiments to be reported here also 
have made use of electrical responses in an 
approach to the problem of distortion in the ear. 


13S. S. Stevens and E. B. Newman, ‘‘On the Nature of 
Aural Harmonics,”’ Proc. Nat. Acad. Sci., Washington 22, 
668-672 (1936). 
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BRAY 


METHOD AND PROCEDURE 


Cats under urethane anesthesia were used ag 
experimental animals, and electrical responses 
were observed from the round window during 
acoustical stimulation. The general procedure of 
operation, stimulation, and recording have beep 
described in detail elsewhere." 

The stimuli consisted of 1000° tones of ag 
high degree of purity and of known intensity. 
They were generated by an audio-oscillator, 
controlled by attenuators, and carefully filtered 
to reduce harmonics. The purity of the tones was 
tested by picking them up with a condenser 
microphone and analyzing them with a harmonic 
analyzer. All overtones except the first were 
found to be negligible. The first overtone was 
about 0.5 percent of the fundamental for low 
and intermediate intensities, and increased to 
about 1 percent at high intensities. 

The electrical potentials from the cochlea were 
picked up by means of a silver foil electrode in 
contact with the membrane of the round window 
and an indifferent electrode on inactive tissues 
of the throat. These potentials, after amplifica- 
tion, were analyzed by measuring successively 
the magnitudes of the fundamental and its 
harmonics. The measurements were made with 
an electric wave analyzer of the heterodyne type 
(General Radio type 636A). These measurements 
were made at each of 20 intensities throughout 
the available range. 


RESULTS 


Results were obtained on 14 different ears, but 
due to lack of space, only a few can be given here. 
The curves for one of the animals are shown in 
Fig. 1. In this figure, sound intensity in bars 
(r.m.s.) is shown on the abscissa, and response in 
microvolts on the ordinate; both scales are 
logarithmic. The figure shows the variation in 
magnitude of response as a function of the 
intensity of the stimulating tone for the funda- 
mental frequency and for each of the higher 
partials up to the tenth; the particular partial 
that a given curve represents is indicated by a 


14 E. G. Wever and C. W. Bray, ‘‘The Nature of Acoustic 
Response: the Relation between Sound Intensity and the 
Magnitude of Responses in the Cochlea,” J. Exp. Psych. 
19, 129-143 (1936). 
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DISTORTION 


number near the upper part of the curve (e.g., 
the number ‘‘2’’ designates the second partial, of 
frequency 2000°). 


The curves are straight over a considerable . 


portion of their courses, which signifies that 
throughout a large range they represent a power 
function, of the form E=kP*, where E=magni- 
tude of electrical response, P=sound pressure, 
k=a constant expressing sensitivity, and a=a 
constant expressing the slope of the curve. 

The slopes of the different partials vary in a 
regular manner. The slope of curve 1, the funda- 
mental, is equal to unity. The slopes of the 
curves for the overtones are considerably above 
unity, which means that the harmonic content 
of the response increases progressively with 
intensity of stimulation. The odd-numbered 
partials, or at least the earlier ones, have steeper 
slopes than the even-numbered. Specifically, for 
this animal, the slopes are 2.65, 2.71, and 2.86, 
respectively, for partials 3, 5, and 7, and 1.86, 
2.49, and 2.46 for partials 2, 4, and 6. 

At high intensities of stimulation the curves 
invariably depart from a power function, and 
bend over sharply. In the example given the 
bending is more regular for the odd partials 
than for the even. Most of the even partials 
show an inflection at the ends of the curves. 
Not all animals exhibit this type of curve for 
even partials. 

There are differences in the maximum of 
response reached for the various components. 
In general, the odd partials reach relatively 
higher levels than the even partials. 

The dotted branch at the top of curve 1 
indicates the sum of the responses for all com- 
ponents. It is evident that the function for the 
total response has much the same form as that 
for the fundamental. The bending of the curve 
at high intensities thus represents an actual loss 
of efficiency of the ear, and not simply the con- 
version of energy into higher partials. 

Results such as these show a high degree of 
consistency. In this experiment the observations 
were repeated, and two points are given for 
each level of stimulus intensity ; the consistency 
may be judged by the agreement between the 
pairs of points. When but one point is seen, the 
two readings were identical. 
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A common way of expressing distortion is in 
percent of the fundamental. In Fig. 2 this form 
is used for the same data as given in Fig. 1. 
Curves are shown for each partial from the 2nd 
to the 10th, and in addition for the sum of all 
these components. This last curve is indistin- 
guishable from that of the 2nd partial at low 
levels, but branches off as the 2nd partial 
approaches its maximum. At the highest in- 
tensity used, 56.2 bars, the total overtone 
content of the response reached the enormous 
value of 52.2 percent. For all intensities above 1 
bar the distortion was greater than would ordi- 
narily be tolerated in acoustical apparatus. 

In this animal, partials beyond the 10th were 
not recorded. In several others, however, meas- 
urements were made up to the 16th partial 
(16,000~), which was the limit of calibration of 
the apparatus. 
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Fic. 2. The data of Fig. 1 expressed in percent of the 
fundamental. The numbers at the tops of the curves indi- 
cate the partials from the second to the tenth. The solid 
curve, marked S, expresses the total overtone content in 
percent of fundamental. 
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Fics. 3 AND 4. On the left, normal functions for animal No. WA 6, for partials 1 to 5 as designated. On the right, func- 
tions for the same animal after cutting the tendon of the tensor tympani muscle. Stimulating tone, 1000-. 





Not all animals yield functions as regular as 
those of Fig. 1. Functions of an irregular type 
are given in Fig. 3. Here the odd components, 
1, 3, and 5, are of much the same character as in 
the first figure. The even components, 2 and 4, 
however, are irregular both as regards the course 
of the curves and the agreement between pairs fynctions were given in Fig. 3. It is apparent 
of observations. that there are few changes in the functions. 

An attempt was made to discover whether There is somewhat greater consistency in the 
irregularities of the type shown in Fig. 3 are observations, especially for odd partials, but the 
due to varying contractions of the tensor change is not marked. Evidently there may be 
tympani muscle. It is known that action of the considerable irregularity in the even partials 
tympanic muscles may cause considerable dimi- when the tensor tympani is inoperative. 
nutions in the response as a whole.” Four 
procedures were followed. 


1. Effects of cutting the tensor tympani tendon 


In 5 animals the tendon of the tensor tympani 
muscle was severed, and after the operation an 
analysis of the responses was conducted in the 
usual manner. Fig. 4 shows results obtained by 
this procedure on the same animal whose normal 


2. Effects of denervation 


A similar study of the action of the tensor 
%C. S. Hallpike, ‘On the Function of the Tympanic 


i , ing it. 
Muscles,” J. Laryngol. and Otol. 50, 362-369 (1935), ‘Y™Ppani muscle was made by oe 
Wever and Bray, J. Exp. Psych. 19, 131 (1936). This muscle is supplied by a motor root of the 
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mandibular branch of the fifth cranial nerve. The 
nerve lies on the floor of the cranial cavity, and 
access to it was gained by removing a portion 
of the cerebral hemisphere. The nerve was 
severed on the same side as the ear subsequently 
to be studied. 

Observations were made on 3 animals. The 
results did not differ notably from those obtained 
from normal animals. Those for one of the more 
regular animals are shown in Fig. 5, with 
curves for partials up to the eighth. 

In the above two procedures the role of the 
tensor tympani muscle was studied through its 
elimination ; the procedures still to be described 
employed positive methods. 


3. Effects of reflex contraction 


Contractions of the tensor tympani muscle 
may be elicited by stimulating the pinna." 
This method was used to study the effects of 
active contraction upon distortion. While pre- 
senting a constant tone, the pinna was tickled or 
pinched, and measurements made of the change 
in magnitude of the various components. 

The results were not very systematic because 
this form of excitation does not permit any 
accurate control of the degree of tensor con- 
traction. However, it was readily observed that 
tensor contractions cause a reduction of all 
components of the cochlear response. 

The tensor contractions aroused by this form 
of stimulation are part of a general facial re- 
sponse that involves the pinna and, for strong 
excitations, the facial muscles also. It may 
perhaps be assumed that the intensity of the 
tensor contraction increases with the magnitude 
and spread of the general facial reflex. At any 
rate, a rough correlation was found between the 
amount of reduction of the cochlear response and 
the spread and intensity of the general facial 
reflex. Also, the diminutions of cochlear response 
were of about the same duration as the reflex 
reactions, so far as could be ascertained by 
simple observation. 


*T. Kato, “Zur Physiologie des Binnenmuskeln des 
Ohres,” Arch. f. d. ges. Physiol. 150, 595 (1913); W. 
Hughson and S. J. Crowe, “Experimental Investigation of 
19 of the Ear,” Acta oto-laryngol. 18, 309 
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4. Effects of artificial tension 


Hughson and Crowe"? in an important series 
of experiments have demonstrated that artificial 


. tension on the tendon of the tensor tympani 


muscle causes a reduction in the electrical 
responses of the ear. A modification of their 
technique was used on 2 animals to study the 
effects of tension on distortion.'8 
The results showed that tension reduces not 
only the fundamental component of the response, 
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Fic. 5. Functions for animal No. WA 13 after denerva- 
tion of the tensor tympani muscle. Stimulating tone, 1000-; 
partials 1 to 8. The dotted branch at the top of curve 1 rep- 
resents the sum of all components. 


17S. J. Crowe and W. Hughson, ‘‘Eine neue Methode zur 
Untersuchung der Physiologie und Pathologie des Ohres,” 
Zsch. f. Hals. hk. 30, 71 (1931); S. J. Crowe, W. Hughson, 
and E. G. Witting, ‘Function of the Tensor Tympani 
Muscle,” Arch. of Otolaryngol. 14, 577-578 (1931); W. 
Hughson and S. J. Crowe, “Experimental Investigation of 
the a of the Ear,” Acta oto-laryngol. 18, 305-307 
(1933). 

18Qur procedure is described in detail in a paper on 
“The Tensor Tympani Muscle and its Relation to Sound 
Conduction,” to appear in Ann. of Otol. 








232 E. G. 
but also its overtones. In one of the experiments 
the fifth nerve was cut to eliminate the com- 
plicating effects of reflex contractions of the 
muscle. In this animal a tension of 51 grams 
reduced the fundamental component of the 
cochlear response by 16 db, and the next four 
components by 8.5, 8, 10, and 6.5 db, respec- 
tively. No characteristic difference was observed 
in the effects upon odd and even partials. This 
fact may be interpreted to mean that tension of 
the type described reduces transmission without 
seriously altering the normal state of symmetry 
or asymmetry of the ossicular system. 

The degree of reduction was practically the 
same regardless of the level of response at which 
the measurements were made, provided that the 
level was below the region of overloading of the 
ear. The intensity functions for different com- 
ponents had much the same character as under 
normal conditions, except for the reduction in 
response level. They remained straight, with 
their usual slopes, throughout their main course. 
Their forms at high intensities were altered in 
that less bending occurred, but this change was 
in accordance with the reduction in level. This 
feature was not discernably different for funda- 
mental and overtone components. 

The results of the above procedures indicate 
that the general character of distortion is in- 
dependent of the action of the tensor tympani 
muscle. Thus they do not agree with the con- 
clusions reached by Stevens and Newman. These 
investigators reported a difference in the be- 
havior of odd and even components when the 
animal was lightly and deeply anesthetized, and 
attributed the difference to altered tonus of the 
tensor tympani muscle.'® Our results agree with 
theirs in showing greater variability for even 
than for odd partials, but they show further that 
in the cat these differences remain after ex- 
clusion of functioning of the tensor tympani 
muscle. 

Perhaps a more likely assumption is that the 
variations are due to the stapedius muscle. 
Békésy pointed out that the manner of attach- 
ment of this muscle to the ossicular chain should 
cause asymmetry of action of the system.” 


19 Proc. Nat. Acad. Sci., Washington 22, 668-672 (1936). 

20G. v. Békésy, ‘‘Zur Physik des Mittelohres und iiber 
das Hoéren bei fehlerhaftem Trommelfell,’’ Akustische 
Zeits. 1, 13-23 (1936). 
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The present experiments have not directly jn. 
vestigated the operation of the stapedius muscle 
However, certain suggestions may be derived 
from the results of two of the procedures used to 
study the tensor tympani muscle. The genera] 
facial reflex, elicited by stimulating the pinna, 
probably involved the stapedius muscle as wel] 
as the tensor tympani.”! The exertion of large 
amounts of tension on the tensor tympanj 
tendon could hardly fail to modify the normal 
action of the stapedius. Yet in none of the 
experiments in which these procedures were 
followed was there any marked alteration in the 
character of distortion. 

Thus the results obtained in this investigation 
suggest the inner ear rather than the middle ear 
as the chief site of distortion. Further data are 
needed, however, for a final conclusion. 


SUMMARY AND CONCLUSIONS 


The problem of distortion in the ear was 
studied in terms of electrical responses as 
recorded from the round window of the cat, 
These responses were analyzed by measurements 
of fundamental and overtone components during 
stimulation of the ear by a pure tone of 1000° at 
various intensities. Since both stimulus in- 
tensities and magnitudes of response were meas- 
ured in absolute units, the results describe the 
nature of distortion in the ear in quantitative 
terms. 

A complete series of partials was found regu- 
larly up to the 10th, and sometimes as high as 
the 16th. 

The intensity functions for all components 
were of the form already known to be typical of 
cochlear responses in general. At their lower 
portions they were straight on double-loga- 
rithmic scales, and thus are mathematically 
expressed by a power function. At their upper 
portions they departed from this function and 
bent over sharply. The slopes of the curves were 
considerably greater for overtones than for the 
fundamental, and typically greater for the odd 
than for the even partials. The maximum of 


The stapedius muscle is innervated by the facial 
nerve, and on general grounds would be expected to be 
more readily excited by stimulation of the pinna than the 
tensor tympani muscle, which is innervated by the trigemr 
nal nerve. 
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response reached was greater for odd partials 
than for their neighboring even partials. The 
curves showed a considerable degree of irregu- 
larity in some animals, especially for the even 


partials. : 
The total harmonic content of the response was 


large for stimulus intensities above 1 bar, and 
became more than 50 percent of the fundamental 
at the highest intensities used. It is plain that 
distortion in the ear is an important factor in 
the perception of overtones, and that a loud 
tone, however pure in a physical sense, produces 
a complex response in the auditory system. 

The character of distortion shows that the ear 
of the cat is both nonlinear and asymmetrical in 
its response to an impressed vibratory force. 
Its action can be expressed mathematically by 
a Fourier’s series in which the necessary number 
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of terms increases rapidly as the stimulus in- 
tensity is raised. 

The hypothesis that the tensor tympani muscle 


is responsible for certain irregularities in the 


functions was tested by four experimental pro- 
cedures: by cutting the tendon of this muscle, by 
denervating it, by eliciting its reflex contraction, 
and by the application of artificial tension. 
Though both normal and artificial tension re- 
duced the responses as a whole, none of these 
procedures caused any notable alteration in the 
forms of the functions or the appearance of 
irregularities. Hence it is concluded that the 
tensor tympani muscle has little to do with 
the general pattern of distortion. And though 
the evidence on the point is not final, the results 
suggest the inner ear rather than the middle ear 
as the chief site of aural distortion. 
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HE characteristic of an acoustical material 

which is of greatest interest is usually its 
sound absorbing efficiency. The efficiency is 
expressed numerically as an absorption coeffi- 
cient, which may be defined as unity minus the 
ratio of sound energy reflected to the energy 
impinging on its surface. A study of published 
coefficients on samples of the same material 
measured by different laboratories shows con- 
siderable variation in the numerical values, 
particularly in the case of materials having 
coefficients greater than 50 percent. 

While some variation is tolerable, it is essential 
for purposes of calculation that the numerical 
values be in reasonably good agreement to permit 
a fair comparison between different materials. 
Sound absorption coefficients are most commonly 
measured by the reverberation chamber method, 
in which the efficiency of the sample is de- 
termined indirectly by its effect on the reverber- 
ation time of a room. Since the widest use for 
sound absorption coefficients is in the calculation 
of reverberation times for rooms and auditoria, 
this method facilitates the practical application 
of the coefficient obtained. 

The technique of reverberation time measure- 
ment by electrical methods employed by the 
various laboratories is similar and involves the 
measurement of the rate of decay of the sound 
energy over a range of 30 or more decibels. When 
reverberation time determinations were made by 
ear, a large chamber was desirable in order that 
the reverberation be considerable, even when the 
total sample was present. However, the improve- 
ment and development of electrical and elec- 
tronic equipment has made possible the accurate 
measurement of time periods in the order of 
tenths of a second. Reliable measurements of 
reverberation time can therefore now be made in 
a relatively small chamber. 
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Variations in Sound Absorption Coefficients as Obtained by the Reverberation 
Chamber Method 
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Recently published data! on the coefficients of 
the same sample tested at various laboratorig 
indicated that there was a tendency for the 
coefficient to decrease as the volume of the tes 
room was smaller. The authors therefore felt that 
a critical examination of the discrepancies which 
occurred between the results obtained in the 
Johns-Manville Laboratories and the National 
Broadcasting Company Laboratories might te 
productive, since these two test chambers were 
widely, different in cubical contents. Table | 
shows a series of values on five different materials 
tested in two laboratories. The last two tests are 
on different samples, but in both cases the 
material is subject to regular factory control 
tests and hence is not likely to vary appreciably, 
It will be noted that in some cases considerable 
discrepancies exist between National Broad- 
casting Company and Johns-Manville coefi- 
cients. These discrepancies are more pronounced 
when the efficiency of the material is high. 

The reverberation chamber employed by the 

‘  TAas_e I. Absorption coefficients. Sabine formula. 
































FREQUENCY 
128 | 256 | 512 | 1024 2048 | Laboratory 
Material A 10 | 43 | 64 | 74 | 71 J.M. 
23 | 51 | 68 | 70 | 66 | NBC 
Material B 20 | 39 | 85 | 90 | 86| J.M. 
22 | 45 | 79 | 79 | 63 | NBC 
Material C 16 | 30 | 90 | 90 | 80 | JM. 
16 | 31 | 69 | 71 | 64) NBC 
Material D 12 | 23) 2299 | J.M. 
13 | 28 | 51 | 70 | 58 | NBC 
Material E 23 | 54 | 72 | 77 | 72 | J.M. 
(Mounted on 1”” | 28 | 48 | 64 | 65 | 62 | NBC 
Furring) 




















Absorption coefficients expressed in percent. 


1 P. E. Sabine, ‘What Is Measured in the Determination 
of Sound Absorption Coefficients,” J. Acous. Soc. Am. 6, 
239 (1935). 
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National Broadcasting Company is approxi- 
mately cubical with nonparallel surfaces and has 
a volume of about 950 cu. ft. Measurements made 
on sample sizes from 36 to 60 square feet showed 
little variation in absorption coefficient. An area 
of 48 sq. ft. was therefore adopted as a standard 
test area. This sample area is about 8.5 percent of 
the total surface area. 

The Johns-Manville reverberation chamber 
has a volume of 11,660 cu. ft. and is likewise 
approximately cubical with nonparallel interior 
surfaces. Measurements made on standard ma- 
terials at the time of its completion showed no 
appreciable reduction in efficiency when test 
areas were increased above 64 sq. ft., so that a 
sample area of this size was considered satis- 
factory. This is a representative sample area for 
reverberation chambers of this size. The sample 
area is about 2 percent of the total surface area. 

The most obvious difference between the two 
test chambers is in the ratios of sample area to 
total area. It was thought that more comparable 
coefficients might be obtained when these ratios 
were similar. Figs. 1 to 6 show the apparent 
coefficient of sound absorption plotted against 
the area of the sample up to 100 sq. ft. for several 
different materials in the two rooms. The coeffi- 
cient was calculated in each case by the Sabine 
formula. The samples used for these comparisons 
were selected to give a suitable range of coeffi- 
cients and were capable of being handled without 
appreciable damage or effect on the absorbing 
properties. Table II gives coefficients for larger 
areas of material obtained in the Johns-Manville 
Laboratories. 


TABLE II. Absorption coefficient vs. sample area 
(Johns- Manville Laboratory). 








FREQUENCY 





| 
| 
| Area—Sq. Ft. | 25 1024 | 


Material A | 


2048 


192 | 58 | 64 
256 | 49 | 59 
mae 3 | 33 | 43 
460 | 30 | 41 


Material B 





192 | 56 | 70 | 67 
256 | | 58 | 58 
120 3 | 87 | 83 


145 85 | 79 
174 | 84 | 78 


Material C 














Absorption coefficients expressed in percent. 
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These curves are, in general, similar to those 
which have been obtained in other reverberation 
chambers. There are several points of special 
interest. It is noted that when the ratio of sample 
area to the total surface area is the same, the 
coefficients in the two chambers do not agree. If 
the sample area in the National Broadcasting 
Company chamber is reduced to 12 sq. ft. (which 
gives approximately the same ratio of sample 
area to total area as for 64 sq. ft. in the larger 
chamber) the National Broadcasting Company 
coefficients are higher (in some cases greater in 
unity). Similarly, when the sample area in the 
Johns-Manville chamber is increased to about 
300 sq. ft., giving a ratio which is approximately 
similar to that which obtains in the National 
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Broadcasting Company chamber with a standard 
48 sq. ft. sample, the Johns-Manville coefficients 
are lower. By the same analysis comparison of 
coefficients when the ratio of sample area to floor 
grea is the same does not give agreement. 

It will be observed that in the larger chamber, 
the absorption curves tend to “‘level off” between 
50 and 100 sq. ft. and at larger areas the coeffi- 
cients again begin to become smaller. This latter 
effect arises from the fact that as larger test areas 
are used, the decay in the room ceases to be 
logarithmic. The slope of the decay curve plotted 
in decibels against time varies continuously, 
becoming smaller and smaller at longer times. 
This effect is present at any frequency when a 
sufficient area of treatment is installed but occurs 
at smaller areas at low frequencies. It should be 
noted that in all of these tests the sample was 
introduced on the floor of the room. Certain tests 
were made with distributed areas, which will be 
shown later. 

The absorption coefficients for large areas are 
computed on the basis of the first slope of the 
decay curve, but it is questionable whether these 
coefficients mean very much when compared 
with those obtained from decay curves which are 
truly logarithmic. 

The technique of reverberation time measure- 
ments and the formulas for conversion of the 
measurements to absorption coefficients em- 
ployed at the two laboratories are similar. It 
sems reasonable to examine existing reverber- 























TABLE IIT. Absorption 





coefficients. Millington formula. 
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FREQUENCY 
128 | 256 | 512 | 1024| 2048 | Laboratory 
Material A 10 | 35 | 47 | 52 | 51 J.M. 
21 | 40 | 49 | 51 | 48 NBC 
Material B 18 | 32 | 57 | 59 | 58 J.M. 
20 | 36 | 55 | 55 | 47 NBC 
Material C 15 | 26 | 60 | 60 | 55 J.M. 
iS | 27 | SS St | 47 NBC 
Material D 12} 2) |S 1 SS ee J.M. 
13 | 25 | 40 | 50 | 44 NBC 
Material E 21 | 42 | 51 | 54] 51] J.M. 
(Mounted on 1’’ 25 | 38 | 47 | 48 | 46 NBC 
Furring) 
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ation time formulas and theories for a possible 
explanation of the discrepancies in coefficients 
and the apparent failure of the formulas to be 


-generally applicable. 


The values given in the comparison have, as 
stated, been calculated using the Sabine formula 
t=0.05V/aS. This formula is probably used 
most frequently in the calculation of absorption 
coefficients from measured reverberation times. 
Absorption coefficients in excess of unity can be 
obtained by its use, as indicated in the figures. 
The calculated reverberation time does not re- 
duce to 0 when all boundary surfaces are totally 
absorbing, but to 0.05V/S. 

The reverberation time formula proposed by 
Eyring (and Norris) reduces ‘‘t’’ to 0 with 100 
percent absorption of the boundary surfaces and 
is considered more accurate for calculation in 
“dead”’ rooms. The correction of coefficients by 
its use in reverberation chamber measurements is 
usually slight. Absorption coefficients in excess of 
unity have been obtained but these have been 
explained on the basis of experimental error.” In 
this particular case, the room was quite ‘‘dead,” 
but the magnitude and the direction of the errors 
seems rather to indicate some other reasons for 
the errors. 

The formula proposed by Millington® (and a 
similar one by Sette)‘ considers the reverberation 
time as a function of — ZS; log, (1—a:) as com- 
pared with —S log, (1—a) in the Eyring formula 
and aS in the Sabine formula. The most apparent 
limitation of this formula is that the reverber- 
ation time is reduced to 0 if even a small area 
within the room has an absorption coefficient of 
unity. The theory as advanced by Millington 
presumes that a ray of sound is affected by each 
surface in proportion to the ratio of the area of 
that surface to the total surface within the room. 
The theory to be tenable requires that the sample 
be ‘‘struck”’ by the sound ray a sufficient number 
of times. 

To obtain the Millington coefficient of the 
material from the Sabine value, it is approxi- 


2 C. F. Eyring, “‘Reverberation in ‘Dead Rooms,’”’ J. 
Acous. Soc. Am. 1, 217 (1930). 

°G. Millington, “A Modified Formula for Reverbera- 
tion,” J. Acous. Soc. Am. 4, 69 (1932). 

4W. H. Sette, “‘A New Reverberation Time Formula,” 
J. Acous. Soc. Am. 4, 193 (1933). 
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mately correct to set (1—a@) equal to the anti- 
logarithm to the base e of the Sabine coefficient 
with the sign reversed. The correction of the 
coefficients in this manner reduces the discrep- 
ancies between coefficients. See Table III. 

It will be observed that the Millington formula 
is the only formula which materially assists in 
resolving the discrepancies in the coefficients. 
The Eyring form provides practically no cor- 
rection as compared with the Sabine form in 
rooms which are as reverberant as these cham- 
bers. It also appears significant that the Milling- 
ton formula tends to make the largest corrections 
for samples of high efficiency where the largest 
discrepancies occur. Fig. 7 shows the relationship 
of the function log, (1—a) plotted against a and 
indicates how this correction varies with in- 
creasing efficiency. 

It should be noted that the reason the coeffi- 
cients computed from the Millington formula 
vary less, is because of the mathematical device 
involved. When a, appears only in the expression 
log, (1—a,), the value of a, can never be greater 
than unity. However, in applying this formula to 
the calculation of rooms the reverse effect will 
occur; i.e., small variations in a, will produce 
considerable variation in the computed reverber- 
ation times, because small variations in a, make 
correspondingly larger changes in the value of the 
expression log, (1—a,). 

It therefore appears desirable to examine the 
assumptions involved in the Millington formula. 
Stated mathematically, if 7=S/S,, the ratio of n 
to the number of reflections must be small in 
order that the assumption of an ordered state be 
reliable. If we let the value of the ratio be R, we 
may write R=n/(vt/p), where v=velocity of 
sound, ¢=reverberation time, =mean free path 
and a@,=absorption coefficient of the sample and 
solve for an expression giving this ratio in terms 
of measurable quantities. 
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n —)S; log. (1—a;) 


and R=——= 
vt/p 0.0125vS, 





A.—S, log, (1~a,) 
ie 


0.012508, | 
R=0.073[A./Sp—log. (1—a,)] 


where A, is the empty chamber absorption, 

It will be noted that the value of this ratio 
becomes smaller when the sample area increases, 
and becomes larger when either the empty 
chamber absorption or the coefficient of the 
material increases. It is already apparent that it 
is necessary to increase the area to a certain value 
before consistent results are obtained. It has also 
been observed that it is necessary to use a larger 
sample area to obtain reliable results when 
samples of high coefficient are being tested. [t 
is likewise a matter of observation that larger 
sample areas are required when the empty 
chamber absorptions are higher, as in the case of 
large chambers. To this extent, therefore, the 
expression seems to correlate readily with 
observations in the variable area tests. 

The next step was to compare the values of the 
ratio R in the two chambers. In making this 
comparison, it was assumed that the value of R 
would be considered sufficiently small to justify 
the assumptions involved in the formula when 
the coefficient of the material was within 2 
percent of the final coefficient given by the flat 
portion of the area absorption curves. The values 
of R were then computed from the sample area 
corresponding to that coefficient. The values of R 
for the two chambers are as follows: 








FREQUENCY 





128 256 


Johns-Manville 
National Broadcasting 
Company 








It will be seen that the agreement is reasonably 
good for the three lower frequencies but not 
satisfactory at the higher frequencies. 

If the assumptions in the Millington formula 
are accepted, it is necessary to have some value 
for R which can be considered small enough t0 
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‘ve correct results in the chamber. It seems 
reasonable to suppose that the method just 
described would provide a means of determining 
when the assumptions of the formula are met. 
The Millington formula appears to be the only 
formula proposed which permits any such definite 
mathematical examination of its assumptions. If 
any general agreement can be reached as to the 
merit of using this formula, the above method 
would appear to offer a possible means of 
determining what sample areas are required in 
diferent laboratories and with samples of 
different efficiencies. It is unfortunate that there 
isnot better agreement at high frequencies, but 
itseems possible that this discrepancy may result 
from the fact that absorption in the air begins to 
play an important part at these frequencies. The 
Johns-Manville chamber, being much larger and 
not air conditioned, as is the case of the National 
Broadcasting Company test room, might be 
expected to have much higher losses through 
absorption in the air, which would in turn 
require a larger sample area because of the 
resulting reduced number of wall reflections. 

Thus far, the discussion has dealt largely with 
experimental data. There are certain theoretical 
considerations which may be offered. The coeff- 
cients obtained in the two laboratories, while in 
much better agreement when calculated from the 
Millington formula, nevertheless still exhibit 
discrepancies. The order of these discrepancies 
may be seen from Table III. Of the two rooms, 
the smaller probably meets the assumptions 
involved in the Millington formula more closely 
since the reverberation time is shorter. Reflections 
take place from the walls at shorter intervals and 
there is less likelihood of diffusion or scattering 
while the sound is passing from one reflecting 
surface to the next. If, therefore, the Eyring or 
Sabine formula is to be used in either room, it 
might be expected that it should be applied in the 
larger. This would make the discrepancies 
greater, and it is apparent that the adjustments 
available from the formulas will not completely 
solve the question. 

It is helpful to consider the reason for greater 
coefficients at small sample areas. In this con- 
nection, the explanation furnished by Sabine! 
that ‘the sample displays a higher apparent 
coefficient because of the tendency for sound 


energy to flow into the sample area from sur- 
rounding areas,’’ seems to agree better with the 
experimental findings than that offered by Sette 
that the sample was located in an area of 


‘undersaturation. The findings of Bedell’ appear 


to throw some light on this point. Bedell states 
‘The most obvious qualitative explanation would 
seem to be that the velocity of propagation of a 
sound wave along an absorbing surface is reduced ; 
the wave front is bent or diffracted toward the 
surface ; and more of the sound energy strikes the 
surface than if the wave front remain plane. 
Whether or not the above explanation is correct, 
the observed effect does indicate that there is 
some distortion in the sound field quite apart 
from that manifested by interference as in a field 
with stationary waves.’’ Sette‘ has suggested 
that the anomalous coefficients obtained in some 
earlier tests on small scattered areas and reported 
by one of the authors may have resulted from 
nonlogarithmic decay in the sound chamber. 
More recent data on small areas such as those 
given above show clearly that the decay is more 
likely to be logarithmic for these small areas than 
for the larger areas. 

Sette also makes the suggestion that a more 
reliable result might be obtained if the sample 
were divided so that a part of it was located on 
each of three nonparallel surfaces of the room. 
The following table gives coefficients on material 
A tested first in a 64 sq. ft. area on the floor of the 
J-M chamber, and second with two additional 
areas each of 64 sq. ft. located on two walls. 








0.09) 0.43) 0.63) 0.74! 0.73 
09} .46) .58| .70) .72 


Single 64 sq. ft. area 
Three 64 sq. ft. areas 





It will be seen that there is very little difference 
between the two sets of coefficients and that the 
variations are almost within experimental error. 
This seems typical of results on separated areas. 
A paper published by the National Bureau of 
Standards® describes similar results, the con- 


5 E. H. Bedell, ‘Some Data on a Room Designed for 
Free Field Measurements,” J. Acous. Soc. Am. 8, 118 
(1936). 

6V. L. Chrisler, ‘‘Dependence of Sound Absorption 
Upon the Area and Distribution of the Absorbent Ma- 
terials,’ Nat. Bur. Stand. J. Research 13 (August 1934). 
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clusion being that the coefficient obtained on a 
number of samples separated by distances greater 
than their own dimensions was the same as for a 
single sample of the same unit area. 

It seems reasonable to suppose that when a 
small area of highly efficient sound absorbing 
material is introduced in a room of considerable 
size, energy tends to flow to the sample from the 
nonabsorbing areas. This might be explained by 
a bending of the wave as suggested by Bedell, or 
by considering the space immediately adjacent 
to the sample as a “sink” of energy. This 
phenomenon is encountered in other fields, as in 
supersonics, electrostatic theory, etc. The authors 
have made no attempt to‘investigate this point, 
but on the basis of a qualitative analysis it would 
appear to warrant further consideration. It is 
known that more sound energy flows into an 
aperture than would be expected from the area 
.of the aperture. If an area of sound absorbent 
material reduces the energy content of a wave 
sufficiently, the space occupied by the material 
would have approximately the same effect as an 
aperture. It would be expected that a pressure 
gradient would exist, therefore, between sur- 
rounding areas and that occupied by the test 
sample. 

That this effect varies with frequency and with 
the nature of the sound absorbing material seems 
apparent from the curves. The absorption area 
curves have different shapes at different fre- 
quencies even when the efficiencies are approxi- 
mately similar. Likewise different materials seem 
to have different absorption area curves even 
when both the frequency and the efficiency are 
similar, apparently because of inherent differ- 
ences in the nature of the absorptive process. 

It has been suggested that it is not satisfactory 
to explain this increase in absorption for small 
areas on the basis of diffraction, because earlier 
tests showed little variation at low frequencies. 
However, it is apparent both from the data in 
this paper and from similar data published by the 
National Bureau of Standards that there is as 
much or more variation at low frequencies if the 
efficiency of the sample is high enough for the ef- 
fect to be apparent. (Earlier tests used materials 
of low efficiency at low frequencies.) 

The above theory would consider the sound 
chamber as a reservoir of sound energy feeding 
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into a theoretical partial aperture supplied by the 
sample. The degree to which this energy flow 
takes place will depend therefore on the size anq 
shape of the room, on the area and efficiency of 
the sample, and on the vibrational modes in the 
room. This last consideration might well throw 
some light on cases where the sound decay js 
nonlogarithmic: 

In large chambers, using small samples, jt 
seems that a disproportionate amount of energy 
strikes the sample. The actual coefficient jg 
probably constant but the conditions are such 
that more energy strikes the sample, at least 
during the beginning of the decay, which will be 
more rapid and the apparent coefficient greater. 

In the J-M chamber the decay remains 
logarithmic until the sample area is increased to 
more than half the floor area. In the smaller 
NBC chamber the decay remains logarithmic 
until the sample area covers almost the entire 
floor. This observation seems to strengthen the 
hypothesis advanced. 

The energy in the sound field located most 
remotely from the sample will require a longer 
time to reach the sample area. The sound 
energy may exist in a number of vibrational 
modes, some which strike the sample and others 
of which strike the walls of the chamber. It seems 
reasonable to expect more energy to strike the 
sample at the start of decay in a large chamber 
than ina small one because the available reservoir 
of energy is larger. If the initial rate of dissipation 
of energy is rapid, as in a large chamber with a 
highly absorbent sample, the energy density will 
at first decay rapidly and then more slowly. (It 
will be noted that the effect of moving vanes 
would be to keep a disproportionately large 
quantity of energy moving toward the sample.) 

In a small chamber the ‘‘reservoir”’ of energy 
is smaller, hence the initial rate of decay may be 
expected to be less. Since the path length is small 
regardless of the vibrational mode, it is reasonable 
to expect that all of the energy may properly act 
upon the sample and therefore the decay will be 
more nearly logarithmic. 

Measurements in large auditoria indicate a 
nonlogarithmic rate of decay in many instances. 
In the case of 5 school auditoria of various sizes 
recently tested measurements were made at three 
frequencies and in no case was the decay truly 
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logarithmic. In small rooms the decay is usually 
und to be more nearly logarithmic. 

The reverberation chamber method has been 
employed largely because of convenience, to 
determine coefficients from reverberation time 
measurements which will in turn permit reliable 
calculation of reverberation time in other rooms 
with different areas of absorbent materials. The 
method used is indirect. Perhaps some direct 
method employing single frequency waves and 
determination of absorption by the attenuation 
of the energy contained therein would produce 
more reliable and comparable coefficients. 

A possible course of investigation is the 
measurement of the propagation and the action 
of the sound wave as influenced by a variety of 
surfaces of various absorbing efficiencies and 
various special arrangements of the surfaces. The 
direction and manner of propagation might be 
determined by measurement of the energy con- 
tent of the sound wave by means of a velocity 
microphone of such size that distortion of the 
sound field is eliminated. A similarity may be 
apparent in the propagation of radio waves in 
which distortion of the field pattern is caused by 
passage over media of different attenuation 
constants. In those cases where the attenuation is 
high a change in the direction of travel of the 
waves is noted in that it tends to “‘bend’”’ and 
“flow in” toward the area of high attenuation. 
The acoustical phenomena under consideration 
seem to indicate some similar behavior. The 
absorbing efficiency of various materials to waves 
impinging on its surfaces at different angles may 
also offer a fruitful source of investigation. 

A study of this scope requires more time than 
isavailable to most commercial laboratories. The 
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results of the cooperative investigation, while in 
some cases negative, should, however, provide 
some useful information to other investigators in 
the field. It is possible that by the accumulation 
of sufficient data some better approach to the 
problem may be apparent. The authors hope that 
the data presented herein will serve as a useful 
contribution to the existent data in this interest- 
ing and important field of investigation. 


Summary 


The data discussed herein corroborate previ- 
ous experiments which showed that sound ab- 
sorption coefficients tend to decrease with de- 
creasing size of test chamber. It further indicates 
that the use of relatively large concentrated 
sample areas tends to produce a nonlogarithmic 
decay in large reverberation chambers, making 
the results obtained of doubtful value. The dis- 
tribution of treatment in widely separated small 
areas does not materially alter the coefficient 
obtained for one small area. 

The data show no simple relation between 
sample area and floor area or total surface area 
which can be used to correlate coefficients. Of the 
available reverberation time formulas, that pro- 
posed by Millington and Sette is the only one 
which assists in resolving the discrepancies. An 
expression is presented whereby equivalent con- 
ditions can be obtained under the assumptions of 
this formula for different sound chambers and 
different samples. 

It is suggested that the discrepancies in 
coefficients are due to the fact that certain 
fundamental factors have not been given proper 
consideration, and an entirely new approach to 
the problem seems to be indicated. 
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INTRODUCTION 


N designing an auditorium for the best hearing 
conditions the general requirements are (1) 
control of the reverberation time to optimal val- 
ues for all frequencies of importance; (2) control 
of distribution to obtain nearly the same sound 
level over all the seated areas; (3) a sound source 
capable of providing the required sound level, 
without distortion of any kind, and with good 
distribution characteristics. 

For reproduced sound, the third requirement is 
in the province of the sound equipment engineer 
and the means of filling it are well known. So far 
as the auditorium is concerned the writer’s 
experience is that the second requirement is not 
always well met. The importance of the first 
requirement is generally recognized, and the 
amount of absorption needed and its best dis- 
tribution in any particular case can be calculated 
in advance, with precision ; except in the case of 
an enclosure consisting of several coupled spaces. 

In the case of theaters with a balcony it is 
usual to make an allowance for the under-balcony 
absorption on the basis of from 0.25 to 1.0 sabine 
per sq. ft. of under balcony opening, depending 
on the height, depth under the balcony and the 
average absorption under it. There is, so far as 
the writer can discover, no more precise method 
of fixing this important value other than opinion 
based on experience. Further, in many examples, 
particularly in cinemas seating 2000 or more and 
having a large balcony it is found that the sound 
level some distance under the balcony is markedly 
lower than that over it or on the main auditorium 
floor. In theaters where the acoustic power is 
limited to that of the human voice it is com- 
paratively common to find the sound level some 
distance under the balcony to be below that 
necessary for reasonable intelligibility. With 
reproduced sound, the level under the balcony 
can be raised by increasing acoustic watts out- 
put, but then the level elsewhere may be un- 
naturally high. 

With the standard types of cinema sound 


projectors available a few years ago, which haq 
not only a restricted frequency range, but also g 
limited distribution angle, these defects of dis. 
tribution could be masked by making use of their 
directional properties ; but not completely, since 
the horns were nondirectional for the narrow 
band around 180 cycles which carries most of the 
energy in speech, for example. 

With the advent of the wide range systems, the 
newer types of sound projectors are nondirec. 
tional over most of the speech frequency band; at 
least within the solid angle subtended at the 
source by the average cinema cross section. Thus 
the control of distribution has passed from the 
equipment engineer to the architect, errors in 
auditorium design become more important, and 
there is no artifice to correct them. A guide to 
correct design, from this view point, becomes 
useful. 

The purpose here is to show how the sound 
level contour under a balcony (and elsewhere) 
can be predicted from the design in advance of 
construction, and to establish design formulae 
which will ensure an approximately equal over-all 
sound level especially in theaters with a balcony. 
At the same time, the formulae can be used to 
find the effect of under-balcony absorption on the 
general reverberation; that is the absorption 
factor per sq. ft. of under-balcony opening can be 
predetermined and therefore the general rever- 
beration time of the whole enclosure can be fixed 
with accuracy. 

Experimental measurements of the sound 
level contour under actual cinema balconies will 
be given which show that the measured variation 
of sound level with distance from the balcony 
opening is substantially in accord with the 
formula, thus justifying its use, although it is 
necessary to derive the formulae from an ideal 
case, only approximated in practice. 

The method of attack is to make use of the 
analogy between electrical line impedance and 
transmission theory, as applied to distortionless 
(or purely energy dissipating) line networks, and 
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the equivalent acoustic impedance ideas, and 
derived expressions for distortionless acoustic 
transmission networks for plane waves. 


THEORETICAL CONSIDERATIONS 


The conception of characteristic impedance in 
acoustics is well known, and the common refer- 
ence impedance is the familiar pe=42 acoustic 
ohms, the characteristic impedance of free air per 
cm? which is independent of frequency. On the 
other hand, the amplitude attenuation constant 
in air under the same conditions is given! 


a=2mw*/3pc*_ c.g.s. units, (1) 


in which the attenuation varies as w. Since Z air 
isa constant, this is ony possible if the attenua- 
tion is represented by a linear loss (as friction) 
corresponding to series resistance R in the equiva- 
lent electrical line network, and a leakance loss G, 
corresponding to the leakance G in the equivalent 
electrical line network, such that R and G in the 
acoustic case both vary as w”. 

To show this we write the well-known ex- 
pressions for the general transmission line, the 
characteristic impedance being, 


Z=[(R+joL)/(G+jwC) } (2) 


and the amplitude attenuation constant (propa- 
gation constant) being given by, 


a=[(R+joL)(G+joC) ]}. (3) 


For a distortionless line, the type which fits the 
acoustical problem at hand, there is the following 
equality of the line constants, 


RC=GL; (4) 
substituting (4) in (2) and (3) we have 

Z=(R/G)} (S) 
and a=(RG)'+jw(LC)}. (6) 


The real part of (6) measures the normal at- 
tenuation of the amplitude; the imaginary part, 
the phase change. Being interested only in 
amplitude attenuation we may write 


a=(RG)}. (7) 
From (5) and (7) 

R=aZ (8) 
and G=a/Z. (9) 


‘Rayleigh 2. p. 312. 


SPEECH LEVELS 






IN AUDITORIA 





Z tte (£2422 


Ces OS 
ci-—> 


Fic. 1. 


Since Z is contanst for free air it follows that R 
and G are proportional to a and therefore to «*. 

We note from (9) that since, for frequencies 
lying in the midrange of the full audible band, 
a is small, then G is small. 

The corresponding network unit for free air, 
per unit area, where Z=42 acoustic ohms is 
R/2=42a/2 and R;=1/G=42/a. 

The characteristic impedance of any area 
Acm? of infinitely extended free air is 42/A and 
this is realized if we consider a network unit of 
the area Acm?® to consist of A series resistance 
elements each =R, and A leakage resistances 
elements each = R,. In that case we can represent 
the joint series resistances by a single resistance 
R/A, and the joint leakage resistances by a single 
leakage resistance R,/A, whence the joint leak- 
ance is GA, per unit length. 

The impedance of the area is then 


Za=((R/A)/GA ]'=42/A 


as it should be and a=(RG)! as before. It is 
therefore valid to treat any long enclosed acous- 
tical transmission line of reasonable area (where 
the special effects in narrow conduits may be 
ignored) as a long electrical transmission line, 
noting that for an acoustical line enclosed by 
nonabsorbing and frictionless boundaries, the 
line has a constant characteristic impedance 
=42/A for all frequencies, and an attenuation 
constant independent of area but varying as w. 

Consider now a space ABFI, Fig. 1, similar 
to that under a theater balcony of normal height 
say h ft., but of ideal form with floor and soffit 
horizontal and of infinite length and width. This 
is fed continuously with sound energy, plane 
wave, the direction of propagation being into the 
space and parallel with its main axis, the source 
being at some distance from the opening to the 
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space, as is the case in the practical example of 
the theater, to be considered. Notwithstanding 
any reaction at the space opening or subsequent 
change in the propagation of the sound energy 
within the space, the flow of energy into the 
space will be constant and plane wave. 

If we take a small element of the space, height 
h ft. and section (dx)? ft., Fig. 2, where the wave 
transmission is X—>Y we may insert values for 
a, Z, R, G as for free air if the boundaries are 
nonabsorbent and frictionless. There will be no 
loss laterally from X—Y since adjoining sections 
are equipotential for the infinite line. In the 
steady state for an infinite line length and 
number of sections the wave amplitude tends to 
zero, and there is no reflected wave. The wave 
amplitude is then attenuated according to the 
law P=Poe~** where a is the attenuation con- 
stant and x distance from the line commence- 
ment, or the balcony opening, all in appropriate 
units. 


ATTENUATION WITH BOUNDARY ABSORPTION 


In practice the boundaries of the element are 
not nonabsorbent, that at seating level being any 
combination of seating, floor covering and 
audience; that at soffit level being, say, plaster. 
In Fig. 2, let the upper and lower surfaces be 
absorbent. Clearly, the attenuation in unit ele- 
ment will be increased since G is increased, al- 
though R remains constant; hence also Z is 
decreased, from (5). The attenuation per unit 
length can be found as follows. After the steady 
state has been reached, in the small element 
h-dx? at the balcony opening, the contained 
energy is constant, and that entering the surface 
X is equal to that transmitted across Y plus that 
lost by absorption at C and D, neglecting for the 
moment absorption in the air. Let the rate of 
flow of energy into X be 1; a the fractional loss 
in a finite length say 1 foot such that n-dx=1 
foot where m is a very large number, the loss a 
being purely that due to the absorbent bound- 
aries. The energy leaving Y to the next section is 
(1—a/n) where a/n is the loss in dx. The energy 
at distance n-dx is (1—a/n)". Let —a/n=1/b, 
then n= —ab and the energy at distance n-dx is 
(1+a/ab)-** or [(1+1/b)*]}*. For n= a very 
large number, this is e~* where e is the base of 
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natural logs. In the same way, the energy at any 
distance m feet is e~*”. To find the value of a due 
to absorption at the boundaries, consider the 
single element X— Y. The total energy absorbed 
in any time is proportional to the total absorp- 
tion. Let A, be the absorption coefficient of the 
soffit, A; that of the seating area in ft.? units. 
The source X has no absorption, nor the sides 
parallel to the direction of propagation. Since the 
area Y simply divides two elements of equal 
characteristic impedance, the absorption co- 
efficient for this area is 1. The total absorption 
including all areas, except of course the source, 
is h-dx+A,-dx?+A,-dx? or for an element 1 ft. 
sq. at the boundaries, it is simply +A,+Ay. In 
that case, the energy loss per foot is (A,+4))/ 
(h+A,+A,s)=a,=the energy attenuation con- 
stant per foot due to absorption. Since in a dis- 
tortionless line the amplitude and pressure at- 
tenuation are equal, the amplitude attenuation 
constant is a,/2. The total amplitude attenuation 


constant, a; per foot, including air loss is, from (1) 
ap ay 20m? 


a,=—+a,=—+ (10) 
2 2 
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where as=20mw?/pc* is derived from (1), by 
taking 1 foot =30 cm nearly. The expression for 
,/2 fits the required limits becoming zero when 
jinfinity and when A,+A ;—zero; and in either 
case the total attenuation constant reduces to 
that of free air only. There is a further limit, for 
A,=A;=1 when h is finite, namely 2/(h+2). 

This conception of boundary attenuation by 
absorption is not easy to visualize, applied to 
plane wave transmission across an infinitely 
small element X—Y, but we can follow the 
electrical line analogy in regarding the pressure 
in that element as not merely maintained at the 
same average value at any point but equal at all 
points from X to Y and therefore equal over the 
whole element. We can then use the conception 
of Crandall? that ‘‘the contained radiation in an 
enclosure may be regarded as a compressible 
fluid, whose pressure is reduced at a rate propor- 
tional to the product of pressure and the con- 
ductivity of the leaks,’’ and apply it here where 
the pressure is constant, and not diminishing. In 
the derivation of the attenuation constant of the 
electrical line the leakage loss in a small element 
is VG-dx where V is pressure and G leakance; the 
same concept. 

Since the total attenuation is found the values 
of G, Z, R associated with it can be found thus 


2mw? 2mw? 
* pc = 
pc’ 3c? 








Reir= air’ Zair= per cm:cm? 


or in foot units, nearly 
mo /45c? = Rs = Rair per ft. per ft.? 
and Z,=R;/a,-h from (8). And 
Gp= 18 X 10? ma /p2ct=Gair per ft. per ft.2 (11) 


Retaining foot units for convenience and 
considering an element h ft. by 1 ft.2 at the 
boundaries, let G,=the total leakance per ft., 
R,=resistance per foot=R;/h and A,=A,+A; 
80 that a,/2=A,/(2h+2A,), we have from (7) in 
the infinite under the balcony line, including air 
absorption, 


G,=a?/R,=h(a;+A ,/(2h+2A,))?/Ry, 


which, for A,—zero, becomes h-a,?/R; as it 
should; and for h—infinity. The value of series 


a 


*Crandall, Theory Vibrating Systems and Sound, p. 203. 
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resistance per foot is always that of free air and is 
R;/h while the leakance which in free air is 
extremely small, is greatly increased ; (see (11)). 


IMPEDANCE CHANGE Loss 


Returning to Fig. 1 if the space opening AH is 
surrounded by unlimited free air, the opening is 
the junction of two transmission lines, each of 
cross section h ft.2 and having a common series 
resistance per foot R;/h but differing in leakance. 

We have from (5) and (8) 


Senslecue line (Gair line)! Qair line 
, air line (Giestaien line)? Qenclosure line 


The reflection loss is :* 
Reflection loss, db = 


Zenstewens line + Zair line 
20 logie: —————————-..__ (112) 


) A line’ Lair line) 


We can insert a boundary CA in Fig. 1 provided 
it is nonabsorbent without affecting (12), since 
we are only concerned with transmission through 
an area h ft?. A very close approximation would 
exist to this condition in an open air sports sta- 
dium with covered seating and full audience, 
with a sound source at some distance from the 
opening (usually small) to the covered seating. 
In that case the approximation to plane wave 
transmission, with practical sound projectors, 
would be quite close. Therefore, since the leak- 
ance per unit length over AB, Fig. 1, would be 
many times that of CA then the impedance 
change reflection at the opening may well be 
considerable. For example if CA is nonabsorbent 
or negligibly so then the leakance of the line CA is 
that of free air only and is small, while in the line 
AB (absorption per ft®. of full audience =0.90 
—(0.99 sabine) the leakance is considerable. In 
the practical case, the seating is usually arranged 
so that there is little reflection at B, hence the 
line AB is “‘long’’ in the electrical sense and (12) 
applies. When reflection at B is negligible, then 
the line AB is equivalent to an infinite line and 
conditions are as first postulated, and (12) 
strictly applies. 

In Fig. 1 we can also add a boundary DE, 
without affecting conditions if it is negligibly 


3’ Shea, Transmission Networks and Filters, page 103. 
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absorbent. Let BD=yh ft. If now the whole 
boundary BAC be absorbent, having the same 
average coefficient A,, then from (10) and 
previously we have 


Ayn=A./(2yh+2A,), 
an=A,/(2h+2A,) 


Ryn=Ry/yh 
Ri=R,;/h 


and from (8), Z=R/a, we have Z,,=Z,, nearly, 
by substitution, 


2 uh per unit area 
or See 
Zh per unit area 


nearly (13) 
if h>y>2. That is, the impedance ratio of the 
coupled spaces is very nearly the height ratio if 
the average boundary absorption is uniform. 
This case is the same as an ideal enclosed audi- 
torium, having plane wave transmission, for 
usually the seating, carpeting etc. is uniform over 
the main floor represented by BAC, and also 
assuming no reflection at the rear wall surfaces, 
which is equivalent to maintaining the infinite 
line condition. Under such conditions, for height 
ratio y=10 which exceeds practical limits, we 
have from (12) a reflection loss=5 db; while for 
y=3.5 which is more normal in auditoria the 
reflection loss=1.7 db. The change in sound level 
between points on opposite sides of A is then 3.4 
db which is not negligible. 

In passing it is worth noting that the charac- 
teristic impedance of the medium in the above 
case is not pc per cm? but a smaller quantity due 
to increase of leakance by boundary absorption, 
and that therefore all calculations of transmission 
efficiency of sound projectors, as horns, which 
assume radiation in free air and include the term 
pc are in error to that extent when applied to 
sound projection in a large absorbent enclosure, 
where conditions approach the above ideal; 
this also modifying their efficiency/frequency 
characteristics. 

In the derivation of the attenuation constant, 
and others, in electrical line theory, the results 
established for the long or infinite line are ex- 
tended after the manner which follows. If the 
analogy between the infinite electrical line and 
the infinite acoustic line is agreed, the same may 
be done in the acoustic case. 

For a finite line, any length, with end reflection 
from a nonabsorbing termination (rear wall BF, 
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Fig. 1, in the acoustic under-balcony line, With 
negligible absorption) the reflected wave is addeq 
to the original wave and the amplitude P at any 
distance x from the source where the initia 
amplitude is Po (balcony front A), is 


P= Pf e**+-e-02!-*], (14) 


where / is the total line length. If the rear wall jg 
appreciably absorbent (energy coefficient say 4, 
ft?) the reflected wave will accordingly be re. 
duced, and the amplitude at any distance x from 
the source becomes 


P=Pile*+(1—Ay) ie], (5) 


where the term (1—A,,)? takes account of the 
fact that the element X—Y area at the rear wall 
is in foot units, and the amplitude of the incident 
plane wave is uniform over the height h. It can 
be shown that in a long uniform line, open 
circuited at distance x=/ the amplitude at | js 
doubled by reflection at / compared with that at 
the same point in the same line extended to 
infinity; and further that in the open circuited 
line the minimum amplitude (including phase 
change by writing (a+ 7b) for a) occurs at some 
point near but not close to /, in fact when (15) is 
a minimum, from which it can be found. In both 
cases only the first reflected wave has been 
considered, succeeding reflections being very 
small. 

In the acoustic case if the seating etc. is ex- 
tended up to the rear wall, and A ,,=1, the line is 
terminated by its characteristic resistance, that 
is extended to infinity and (15) reduces to 


P= Pye, 


while if A,—0, expression (14) remains. In 
practice A, is commonly a very small quantity 
where / is considerable, an absorbent rear wall 
being necessary only when / is short, and for 
A,,—0 expressions (14) and (15) are the same for 
all practical purposes. 

Generally, the sound level loss in db at any 
distance x, is, letting P»=1, 





1 
e777 + (1 —A,)} -ea(2l—2) 


For uniform sensation level this should not 
exceed 1 db, but 3 db loss is quite practicable or 
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an amplitude ratio of 1.41, from which we have 
the following limit for reasonably level hearing 
conditions under the balcony, space ABFII 


minimum value of [e~**+(1—A.)!-e#@!-2) J 
=1/1.41=0.707, 


and for the same level extended outside the 
balcony and including balcony mouth reflection 
loss we have from (12) (13) 


y+1 1 
imit 20 log ( “ ) 
limi 10 ay! e-*z4.(1—A,,)}-e-a2l-a)) 


=3(db) (17) 





since ratio of impedances at A is =y and 
(y+1)/2y! follows from (12) and (13). In (13), 
y-Z,=Zyr and substitution in Shea’s expression, 
amplitude ratio term, eliminates both Z, and Z,,. 


ABSORPTION COEFFICIENT OF EQUIVALENT 
BALCONY OPENING 


In Fig. 1, if the amplitude at the opening A// 
is Py) and the opening is closed by a reflecting 
surface (as a wall) BF, the amplitude of the 
wave reflected from BF on reaching A/JI/ is 
(1—A,,)!-e-**' from (15), since x=0. If there is an 
appreciable change of impedance at AJJ, this 
reflected wave re-issues into the main space CE 
only after further reflection at A// and its 
amplitude is thereby reduced in the ratio 
dy'/(y+1) where y is the impedance ratio pre- 
viously found. The amplitude of this reflected 
wave into the space CE is then 

2y} 





-(1—A,))- e724", (18) 


y+1 


- 


To include the effects of reflection in (18) 
with the original reflection at A//, from (12) and 
(13) and at the same time to convert to the more 
usual energy absorption and reflection coeffi- 
cients, let E be the rate of flow of energy incident 
at Al]. Then the energy transmitted into AB 
diminished by impedance change reflection at 
Allis E-4y/(y+1)? and (18) becomes 


6y? 





E -(1—Aw)e~**! 


(y+1)4 
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(since E= P? and is now twice reflected) also the 
reflection at A// is, for the initial reflection of E. 
E—E-4y/(y+1)*, since E-4y/(y+1)? is trans- 
mitted. The total reflection of energy incident on 


All is then 


4y 16y? 
; wey 
(y+1)? (y+1)4 


and the energy reflection factor, space AJ/, is 








s (1 —Ayw) -e fal 


4y 16y? 


1. 7s , 
(y+1)? (y+1)4 





(1 —A,) -e fal 


or the energy absorption factor 


4y 16y? 





(y+1)2 (y+1)! 





*(1—Aw)-e-*', (19) 


in which terms in y reduce to 1 for y=1; and for 
1=0 in which latter case the reflector BF is 
virtually at A//. For the ideal case Fig. 1 where 
there is a source of plane waves in one space, the 
propagation into a second coupled space is de- 
termined, given dimensions, and the absorption 
coefficient of the boundaries. Further the absorp- 
tion at A//, taken as a surface bounding the main 
space CE, is found from (19). It remains to see 
how far these conclusions can be said to hold good 
for the similar case of an auditorium, in which 
ECA represents the main auditorium space, with 
sound source at CE, and ABFII represents an 
under-balcony space. 


PRACTICAL APPLICATIONS 


In the first place with any normal sound 
source, as theater sound projectors, the sound 
projection is not plane but divergent, and the 
practical case approaches the ideal only when CA 
is much greater than A//. However, in the larger 
theaters, where the effects described would 
present acoustic difficulties, the ratio CA/AH 
is large. Further, it is usual to make the walls and 
ceiling converge towards the stage, and the effect 
of this is to modify the divergence from the source 
into something approximately plane wave. Al- 
though, due to reflection and phase change, 
there is a point to point variation in wave 
amplitude, the average sound energy tends to 
become uniform over the enclosure, at a sufficient 
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distance from the source, and the flow of energy 
from CE towards BD would remain uniform and 
constant with distance in the absence of any 
dissipation. The dissipation is due to (1) air 
attenuation negligible for normal distances at 
mean speech frequencies (2) boundary absorp- 
tion. In the practical case with hard walls and 
ceiling the only boundary absorption which is 
effective is that of CA, AB, I/F, all other surfaces 
being too remote from the average element, and 
having relatively little absorption, to require 
consideration. For example in the space ABH F 
considered as an under-balcony space there 
would be lateral bounding walls. Whatever the 
absorption of these walls to sound waves parallel 
or incident at a small angle, their effect on the 
energy density averaged over the whole width of 
the auditorium would clearly be negligible since 
the ratio width/AJ/ is normally great. If reflect- 
ing, the side walls assist in maintaining the energy 
density uniform with distance,‘ especially as the 
sound source is at some distance from A, in 
practice. 

It is often the case that the under-balcony 
cross section is not uniform in practice. The floor 
also is usually raked. Any practical changes of 
this kind whether gradual or abrupt, are not 
likely to cause any change of impedance enough 
to introduce any important reflection loss. As to 
the attenuation constant, this will vary with 
change of cross section, but it is perhaps per- 
missible to add one more approximation to the 
large number already accepted in_ practical 
application of acoustic theory by taking h as the 
average height of the long section of a balcony 
space. The dimension h feet is to be taken from 
the soffit to the seating height, as the absorption 
is effective at fhis level, making allowance for the 
seated audience. 

In practical theater work, it is desired to find 
the maximum under balcony attenuation, at 
mid-speech frequencies. In theaters, this will be 
with full audience; and in normal theaters with 
heavy seating and carpeting the energy absorp- 
tion coefficients for the seated area=0.95 to 0.99 
and for soffit 0.01 to 0.03 per ft.?. The effective 
amplitude absorption coefficients are the roots of 
these values so that A,;=1 practically. For this 
particular case, commonly met, the absorption 

4 Refer Knudsen, Architectural Acoustics, p. 25 and Fig. 6. 
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attenuation constant a,/2 in (10) can be Written 
1/(2h+2) and a; in (10) is negligible. 

It is also clear that since the values of A; and 
A, cannot usually be less than (0.4)! and (0.01)! 
then the practical variation of attenuation With 
change of absorption will not be very great 
except as between extreme limits of frequency at 
the same time; but that variation in h is jm. 
portant. 

Substituting the value of a@ for the worg 
condition, that isa=1/(2h+2), in the left side of 
(17) this expression enables the suitability of any 
proposed theater design to be examined fo, 
correct sound level in advance of construction, 
for all the dimensional variables are available 
from the drawings and A, is also known. It js 
also possible to rearrange the upper part of the 
rear wall to direct reflected sound in a manner 
which will add to the sound level where it js 
found fo be deficient. The best value of A , is also 
found, for it should be sufficient to make the 
reflected wave negligible on its reaching the 
balcony front, but not more, otherwise the rear 
seat sound level is unnecessarily lowered. While 
particular attention has been given to the under- 
balcony case there is no reason why the same 
principles should not apply to any large auditoria 
of any kind provided always that the sound 
energy fed into the space considered is roughly 
plane wave, and allowance made for any rein- 
forcement by reflection not attenuated. 

Throughout, no consideration has been given 
to any possible phase change, because a probable 
speech level is aimed at, not a physical state, and 
listening to speech in a theater includes accept- 
ance of an endless number of shifting phase 
patterns. There remains to relate the steady state 
condition assumed with actual conditions listen- 
ing to speech. With full audience under balcony 
and other conditions specified, since A ;= 1 nearly, 
and the ratio volume to absorption is low, the 
under-balcony reverberation time is very short. 
Calculations show reverberation times about 0.5 
sec. average. In that case the time taken fora 
sound source to build up to maximum sensation 
level (that is 80 percent of its final level at! 
infinity) is very brief and considerably less than 
the average duration of English speech syllables, 
which is about 0.2 sec. Transient speech sounds 
will not reach the steady state condition, and 
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yill be less attenuated by boundary absorption, 
put more so by air attenuation, as being princi- 
pally of high frequency. The embarrassing rear 
wall reflection of transients found when using 
wide range equipment, with somewhat directional 
horns, is familiar to those responsible for sound 
equipment installations and illustrates the point. 
Further, the marked change of quality with 
distance under a long balcony is obvious to the 
ear and illustrates the variation of attenuation 
both with frequency and with short or long 
duration of the tone period. Rear walls are some- 
times undulated or made absorbent, or both, to 
avoid the direct reflection of transients. 

Itis suggested that the coefficient of absorption 
for balcony or other openings, expression (19), 
should always be used in calculating the over-all 
reverberation time of an enclosure. Even if the 
opening is reasonably high in proportion to its 
length to the rear wall, it is evident that due to 
attenuation the energy density is not uniform 
within the space. To add the volume of an under- 
balcony space to the main auditorium space, and 
similarly to add the products (areas by absorption 
coefficient) to find an over-all reverberation time 
for the whole auditorium by the usual Eyring 
formula, implies by the derivation of the formula 
that the energy density is uniform all over the 
enclosure, and leads to error. Similarly, in a 
simple rectangular enclosure, long in proportion 
to height, and with absorbent floor area, it might 
be necessary to make the rear wall absorbent to 
reduce unwanted reflection or echo. It must not 
be assumed at the same time that the absorbent 
area so applied will make its normally calculated 
contribution to the reduction of reverberation 
generally, for the energy density at the rear wall 
may be a small fraction of that near the source, 
taken as being at or near the opposite surface. 


EXPERIMENTAL RESULTS 


Some time ago the writer made some measure- 
ments of the sound level under balconies, choosing 
two, after some search, having a large ratio length 
to height, in order to get well-defined level 
changes. The development of a theory to fit the 
results obtained followed later. The equipment 
available to carry out these measurements was 
limited to that available for routine cinema 


sound equipment testing; one Western Electric 
type 74,300B oscillator, with a range of fixed 
frequency steps at constant output level; one 


.General Radio multi-range rectifier voltmeter, 


one piezoelectric microphone of small dimensions, 
and its associated amplifier with 3-watt output, 
matched to the voltmeter impedance. The 
method was to feed a fixed frequency (no arrange- 
ment for warbling the tone was available) into 
the theater sound equipment amplifier input 
from the oscillator, at a level to provide about 
70 db in the theater. It was then found that the 
level about from 10 ft. to 20 ft. from the balcony 
opening was uniform, measured at half-balcony 
height from the floor, and equal to the general 
sound level over the remainder of the theater, as 
estimated by ear with reproduced speech. The 
level between 10 and 20 ft. from the balcony 
(towards the stage) was therefore chosen as the 
reference level. Measurements of pressure via the 
microphone were taken at 3-ft. intervals from 
this point to the rear wall along the center line of 
the theater. The rear wall in both cases was hard 
plaster on 28-inch brick walls, having several 
coats of oil paint, smooth finish. In case 1, Fig. 3 
the seating was in the form of continuous benches, 
having the seat part lightly padded and covered 
on top with a hard material like corduroy. The 
seating had a continuous back rest similar to the 
seat. The seat width was 12 inches and the back 
rest 7 inches. There were no arms. The floor 
covering was ?-inch linoleum (cork) on wood. 
During the tests these benches were covered 
with cotton dust sheets 3 ft. wide, over each 
length. After inspection, the floor area absorption 
was estimated to have an absorption coefficient 
of 0.5 per ft.2 in this condition. The under- 
balcony soffit was plaster on wood lath, smooth 
and painted with oil paint, estimated coefficient 
0.036 per ft.2. These coefficients are average for 
three frequencies used, 800, 1000, and 2000 
cycles per second. These were chosen as being 
high enough to ensure reasonable absorption yet 
outside the region where air absorption need be 
included, since it was required to obtain some 
idea of the effects of boundary absorption alone, 
or nearly so. Measurements were made all at the 
same time, one set for each frequency. The reason 
for choosing three frequencies was simply to 
overcome standing wave trouble, taking one 





oo. &. 


! 


| balcony 
opening 
leo? 


! 
I 
! 
x) 





ao 
Feer 


Fic. 3. Case 1. Ag=As+A,=0.5+0.036 =0.536; h=7 ft.; 
H=34 ft.; 1=40 ft.; a=A:/2(h+A,) =0.036 per ft. (at- 
tenuation constant); (y+1)/(2(y)#) =1.3 (balcony opening 
reflection constant). 


fixed frequency, since there was no warble tone. 
The comparatively smooth curves of Figs. 3, 4, 
were then found by reducing the measured 
amplitude (or pressure) levels to decibel levels, 
taking the reference point as zero decibel level, 
for each frequency. The ordinate for any point 
on the smooth curve is then the sum of the 
decibel ordinates for 800, 1000, 2000 cycles, 
(taking account of sign) divided by three, and the 
result considered to be the decibel level for the 
means of these frequencies, that is about 1300 
cycles. 

The broken curve Fig. 3 is the calculated 
decibel level for this frequency, from (17), for 
case 1, using the absorption coefficients given 
above to find a,/2 in (10) and adding the value 
for air absorption, a; per foot=0.0003 for this 
frequency, since it is evident that the assumption 
made at the time of measurement, that air 
absorption would be quite negligible, does not 
hold for the measured frequencies, and with its 
inclusion the agreement between the measured 
and the calculated results is quite good. The air 
absorption should then therefore be included for 
calculation over a wide range of frequencies, but 
need not be included to determine average speech 
levels, where the mean frequency is lower. 
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In case 1 the conditions were modified by the 
presence of the barrier 6 ft. high behind the reg, 
seats, of which the upper 3 ft. was light curtain, 
broken however at the center gangway along 
which measurements were taken. No account of 
this was taken in the calculated results. 

In case 2, Fig. 4 the seating was of more normal 
cinema type, with theater chairs having plush 
covered padded seats, backs and arm rests 
medium quality. Floor covering was again a" 
cork lino. Allowing 3.0 per seat* and from the 
number of seats and the total area, the absorption 
coefficient of the seated area, per sq. ft., was 
determined to be 0.6 ft.2. The balcony soffit was 
again hard plaster, painted, coefficient 0.036 ft, 
and the rear wall, as stated, hard plaster, painted 
on solid brick, absorption coefficient 0.02 ft2 
Fig. 4 shows the measured (full line) and the 
calculated (broken line) sound levels in decibels 
for this under balcony space. 

The measured sound level just outside the 
balcony openings was no doubt modified in both 
cases by reflection from the main ceiling via the 
balcony front, to the floor level. In case 1, the 
main ceiling was flat 37 ft. high and covered with 
Zono (nonhardening) acoustic plaster, which has 
a uniform absorption characteristic around 1000 
cycles, coefficient 0.30 ft.?. In case 2 the ceiling 
was flat except for a deep cove at wall junctions, 
and of plaster on wood lath, with minor fibrous 
plaster reliefs, painted several coats oil paint, 
height 36 ft. In both cases the balcony front was 
nearly straight, vertical, and finished in fibrous 
plaster in slight relief, painted several coats oil} 
paint, coefficient say 0.025 ft.?. The increase of 
sound level, as measured, just outside the 
balcony openings would therefore be increased 
above that calculated by an _ undetermined 
amount due to indirect reflection from these 
surfaces. 

From the results, the indications are that in 
the design of balcony openings to meet the worst 
condition (with full audience in the space, on 
absorbent seating, on carpet) there is a ratio 
height of the opening to length to rear wall which 
must exceed a certain minimum, even with a 
nonabsorbent rear wall, see (17); and that the 


height should be as great as is practicable to 


* This includes dust-covers over seats. 
+ l.e., repeatedly painted, over a period. 
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reduce both impedance change reflection and 
attenuation. Inequality of the level in a balcony 
space from point to point can be improved by 
correct design of the rear wall, to reinforce the 
points of minimum intensity. There is also no 
doubt that the “loud spot” commonly found on 
the main floor in front of balcony openings is in 
part due to reflection from the balcony front. If 
all these level differences are to be avoided or 
smoothed there is only one practical balcony 
section design, as Fig. 5, in which the energy 
entering the under-balcony space is a maximum 
for the height available, change of impedance at 
the balcony opening is a minimum, and reflection 
from the balcony front disappears. The sound 
level towards the rear of the under-balcony space 
is increased at its minimum point by reflection 
from the inclined rear wall, by correct choice of 
its inclination. 

Similarly, the over-balcony space should be 
arranged so that its opening height is adequate, 
yet does not bear an excessive ratio to the under 
balcony opening height ; otherwise there may be 
dificulty in obtaining equal sound levels in the 


two spaces. The total attenuation allowed in an 
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Fic. 4. Case 2. A,=As+A;,=0.6+0.036 =0.636; h=8.2 
tt.; H=33 ft.; 1=30 ft.; a=0.035 per ft. (attenuation con- 


stant); (y=1)/(2(y)!)=1.18 (balcony opening reflection 
constant), 
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‘normal front 


Fic. 5. Arrangement of theater long section for uniform 
sound level. 


over-balcony space may be more than under the 
balcony since the rear seats over the balcony 
normally receive an increase of energy by main 
ceiling reflection, which is absent under the 
balcony. Therefore, the seating distance from the 
balcony opening, over the balcony, can be quite 
considerably more than the same distance under 
it. The correct form for the whole balcony 
section, for uniform over-all sound level is then as 
Fig. 5. 

A cinema has been completed recently in this 
country with the balcony front streamlined to 
this suggestion. The writer has not had the 
opportunity to check results, but he is reliably 
informed that the “loud spot”’ in front of the 
balcony, main floor, is decidedly less than with 
the normal front, and that the sound level under 
the balcony is improved and more nearly equal 
to the general sound level. 

These results can also be applied to other 
practical problems. They indicate, in an existing 
under-balcony space where the sound level is 
below that necessary for good intelligibility, 
what improvement will result by the removal of 
any applied absorbent, if present; or even by the 
rearrangement of seating, say by spacing more 
generously, to reduce absorption. Conversely, it 
is useful to find, in a shallow balcony opening 
where unwanted reflection from the rear wall is 
present, what improvement in the total balcony 
opening absorption may be obtained by using an 
absorbent material on the under-balcony soffit, as 
an addition to the rear wall treatment which 
alone might be insufficient. For rear wall treat- 
ment, the number of absorbents available which 
are physically suitable for lower wall application, 
and combine with this high absorption and good 
decorative possibilities, is quite limited. 

Since the theory assumes (correctly for English 
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syllables) that in an enclosure having short 
reverberation time conditions are similar to the 
steady state condition, it cannot be applied to 
transient sounds of short duration, which cannot 
approach the steady state. Such sounds will not 
be attenuated by lateral boundary absorption to 
any great degree, but will be attenuated by air 
absorption. If reflection of such sounds is to be 
avoided it must be done by applying to the 
surface concerned an absorbent effective at the 
frequencies covered, preferably over that range 
only, if design for good sound level calls for no 
absorption at mid-frequencies. Alternatively, the 
surface may be made irregular, to scatter short 
waves, as is sometimes done, combining with this 
the inclination of rear walls mentioned above. The 
scattering should then be laterally* only, with 


* Lateral scattering from an inclined rear wall prevents 
any possibility of long path transient reflection. 
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corrugations running from floor to ceiling, having 
a horizontal pitch between hollows of about gx 
inches. It is thus possible to combine the require. 
ments for approximately uniform sound leyg 
(speech) and transient distribution in the same 
design without difficulty. 

Applying the expression (17) to practical 
design, it is found that for the worst condition 
(full audience, A,=1) the ratio of depth under. 
balcony to its height should be 2 to 2.5 as, 
maximum; and for the over-balcony space 
allowing for the addition of main ceiling reflec. 
tion, the same ratio depth to average height may 
be 3.4 to 4. It would appear that to combine 
economy of cubic content of the whole building 
with good acoustics, the under balcony opening 
should be one-half the height to the main 
ceiling. 
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INTRODUCTION 


ECENTLY attention has been drawn to the 
inadequacy of the current theory! which 
fails to explain even qualitatively the observed 
facts regarding the presence and the intensity 
of the partials. Harmonic analysis of the note ! 


’ from the clarinet shows that twelve partials are 


of importance with the seventh, eighth, and 
tenth predominating; the seventh partial con- 
tains about 8 percent of the total loudness, while 
the eighth, ninth, and tenth contain about 18, 
15 and 18 percent, respectively. The intensity 
diagram? shows also the feeble presence of second, 
fourth and sixth partials. These results are 
corroborated by other workers also. In order to 
account for the presence of partials of even order 
it is suggested firstly that the ‘clarinet reed 
never entirely shuts off ingress of air into the 
mouthpiece while the instrument is sounding.” 
In the present paper this idea is developed and 
attempt has been made to explain the anomalous 
behavior of the clarinet regarding (1) the 
presence of even partials, and (2) also the 
abnormal intensity of the eighth, ninth, and 
tenth partials. 

“The clarinet is an instrument of four foot 
tone with a single reed and smooth quality, 
commonly said to have been invented in 1690 
at Nuremburg. Its common name is evidently a 
diminutive of clarine, the Italian name of the 
trumpet to which its tone has some similarity. 
The mouthpiece is a conical stopper flattened 
at one side to form the table for the reed, and 
thinned to a chisel edge on the other for the 
convenience of the lips. From the bore a lateral 
orifice is cut into the table which is closed 
partially on playing by the thin end of the reed. 
The table on which the reed lies is curved 
backwards towards the point, so as to leave a 
gap or slit between the end of the mouthpiece 
and the point of the reed.” 


'J. Acous. Soc. Am. 6, 34 (1934). 
® Science of Musical Sounds, p. 201. 


FUNDAMENTAL EQUATIONS FOR VELOCITY 
POTENTIAL 


The method of blowing at the mouthpiece 
suggests that the blowing pressure within the 
mouth remains constant, while the pressure 
within the pipe across the reed undergoes 
periodic variations. As usual we shall assume the 
section of the pipe uniform up to the open end, 
and that plane waves are propagated in the pipe 
for which the equation is given by . , 

Sen 4 hi ff. b a _ a . 
Ved get d Be ¢ a) 
at dx? Ajttliratigie 
“Ww 
where ¢ represents the velocity potential, x the 
abscissa with origin at the mouthpiece. We shall 
further regard the open end to be an antinode, 
hence the solution of (1) by Heaviside’s opera- 
tional method? will be  \w. 
ade ue ” 
sinh (o/c)(I— —x) 


pliguenntipetnenets 2 
Te ae @) 


where o =d/dt, and / is the length of the pipe. Let 


Cat 


Fic. 1. 


¢ represent the potential outside, Fig. 1, and K 
the conductivity of the chink between the reed 
and lip of the mouthpiece, then the total flow is 
given by 


a(d¢/dx) =K(¢—¢»), (3) 


where a is the section of the pipe near the 
mouthpiece. Putting (d¢o)/(dt)=—P/p, where 
P represents the blowing pressure, and p me 
density of air, we obtain MA we 


— K(on+P/p) + 
pre on / P)- (4) 


x 


§ Heaviside, Operational Calculus (Berg), p. 23. 
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Substituting the value of ¢ from (1) and writing To interpret (6) we observe that Y,=1, and 


o=d/dt we get 
ag oO 
Z.= (+= coth “1), 


a oo a . 
ay coth —l=on+—, Ke ¢ 


Cc C p 
P 1 Yo/Zo=1/(1+a/Kl) 





and 


. weed . dZ, ac a lo a 
(+= coth “1) o == | coth —-l—— cosech? - ; (8) 
. . do Ke ¢ 66 c 


The interpretation of (5) can be easily made 
with the help of Heaviside’s expansion theorem. 
In order to do so let us put »=7’/o, where 7’ is aw 


given by tanw = — (9) 


signees eee (6) where ol/c==+1tw, both positive and negative 


p ao o values being possible. Thus (8) can be written 
(14= coth “1) 


The imaginary roots of Z,=0 are given by 


in the form 
Ke Cc 


; aw 
When 7’ is known, the value of 7» can be obtained ‘ ~—{-cotw+o cosec’a} (10) 


by simple integration, i.e., 


n= JS n'dt. (7) and 7’ is found to be 








1 eiwet/l 1 eiwet/l 


-2r —| ———-2y— 


p a aw p a aw ' 
(+=) —}|-—cotw+o cosec’a } (1+=) (1+ - cosectar 
Kl Kl Kl Kl (11) 








The second term is doubled on account of positive to unity, this means that the chink can never be 
and negative values of @, and the summation has_ closed. A complete evaluation of the roots of 
to be extended over all the possible values of w. (9) cannot be effected unless — is known, but 
It will be observed here that Heaviside’s opera- we shall obtain an approximate solution by 
tional method enables us to obtain the result in neglecting the term £/6 in (9), and write (9) in 
the form of a Fourier series at once. the form 

WA— apywapon* Gn verre tan w= —aw/Kjl. (13) 


EVALUATION OF THE Roots OF tan w= —aw/Kl oom ; 
For rectangular aperture the conductivity Ky is 


It will be recalled that the conductivity of the given by 
chink is given by K when the reed vibrates; 2nS} 
the value of K therefore will undergo periodic —, 
changes. If we assume that the chink is of Q(r) 
rectangular section, then K can be written in 


where S represents the area of the chink, and 
the form 


Q(r) represents a known function of r, where 
j K= Ky(1—£/8), (12) r=2a/2b; 2a, and 26 being the length and 
where é represents the position displacement of breadth of the chink, so that S=4ab. The 
the reed towards the lip of the mouthpiece; function Q(r) is given in a graphical form.‘ Let 
hence as ¢ increases the conductivity diminishes; 24 =0.5 cm, 26=0.02 cm, then r= 25. Q(r) =35; 
it is further assumed that £/8 can never be equal ‘J. Acous. Soc. Am. 7, 100 (1935). 
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ty Ko is 


nk, and 
, where 
th and 
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‘m.! Let 
r) =3.5; 
















tained : 























tanw = — 


and Ky comes out to be 


2x X0.1 





Ko= =0.18. 
3.5 


If a=47, and /=40 cm, then 


dew X3.5 
40X20 X01 — 


from which the following values of w are ob- 


T 
O1i= (<+0.165), 


57 

D3 >= (—+0.036), 
2 
it 

W,= (—+0.026), 
2 
Or 

D5, = (= +0.020) ’ 
2 

etc. etc. 


Thus we find that the values of w form an 
approximate series of odd multiples of 7/2. The 
lowest root m1, however, depart considerably 
from the value 7/2. Hence the different modes 
of vibration of the pipe form a series of odd 
harmonics, but the frequency of the gravest 
component is greater than c/4l, i.e., the lowest 
‘component has a wave-length slightly less than 
| the usual theory which supposes the mouthpiece 
to be a closed end. Further the lowest component 
' will become sharper and sharper as the chink 
opens, and the higher components will cease to 
form an odd series. In fact Eq. (13) shows. 
that when Ky has a large value, the possible 
values of @w will contain the full series of har- 
monics. A large value of Ky means that the chink 
is wide open, when the mouthpiece behaves like 
an antinode. It is therefore evident from the 
above discussion that the player can control the 
tone quality of the clarinet by slightly increasing 
or decreasing the pressure upon the reed, and 
varying the width of the chink to a certain 
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extent. This gives a personal touch to the tone 
quality of the instrument. 


_ APPROXIMATE EQUATIONS FOR REED VIBRATION 


Henceforward we shall assume that the chink 
is very small, and that the components form a 
series of odd harmonics, thus 7’ is given by 


P 1 2Kol sint’a wet 
‘= |—-— a cos | (15) 
(1+a/Kol) a 


p w l 

The first term in (5) is a constant term, while 
the second one represents a convergent series of 
odd harmonics, the amplitudes diminishing as 
1/m*. Thus we expect the higher components to 
have smaller intensity than that given by 
experimental results. We shall investigate this 
point in detail by examining the motion of the 
reed that results from the pressure variations 
inside the pipe. We write down the equation of 
motion of the reed as 


9 


dt 
m—-+pi=A(P—)), (16) 
dt? 


where & represents displacement of the reed, A, 
and m represent the effective area and mass of 
the reed, while u stands for the restoring force. 
The reed is generally made of cane and is wedge 
shaped, the thicker end being clamped. Professor 
J. W. Nicholson has discussed the vibrations of 
such sharply pointed free bar of circular section, 
and he finds a curious conclusion that ‘‘there is 
a limiting frequency of vibration which the bar 
is capable of under any conditions of support.”’ 
This result seems to have remained unnoticed 
though it is of great acoustical significance in 
reed instruments. The writer has extended 
Professor Nicholson’s theory by applying it to 
the case of a wedge-shaped clamped reed, where 
the thickness in the plane of vibration varies as 
the square of the distance of the point from the 
sharp end, the breadth of the bar remaining 
constant throughout its length. It is found in 
this case also that there is a limiting frequency 
of vibration which is given by 


p 1 do 1 =) -) 
de te (12)! P (- G 


5 Proc. Roy. Soc. 97, 170 (1920). 
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vide appendix at the end of the paper. For a 
uniform bar the frequency is known to be 


- 1 dy) 1/E 
— {- ) (7 X0.59)?. 
ie | 2x (12) P 


Hence the frequency of a wedge-shaped bar of 
the above-mentioned type is nearly the same as 
that of a uniform bar, the ratio of frequencies 
being 3.75/3.42. The acoustical advantage in the 
case of sharply pointed bar is that it has only 
one mode of vibration. Taking /=2.5 cm, 
dy=2 mm, E=10" and p=0.8, p/2n=1950{The 
result that the reed has only one frequency of 
vibration simplifies the theory of the clarinet 
considerably. ) 


VELocITY POTENTIAL AT THE MOUTHPIECE 


Before we take up the problem of determining 
the forced vibration of the reed, let us first 
obtain the value of ¢. Since 7’ is given by (15), 
and w’s are considered to be odd multiples of 
a/2, n’ can be written as 


| 1 Kol ‘ ~)| 
pl(ite/Kl) a ( T 


t=0tot=r7/2, (17) 


from 


1 Kol 4(r—12) 
Pee 
ad pL(ite/Kol) a T 


from t=7/2tot=7, (18) 


. ** where” 7 = 4l/c. 


: Eqs. (17) and (18) give the values of 7’ over any 


4° odd half period interval, or any even half period 


interval, respectively. 

The value of the potential at the mouth can 
now be obtained by integration of (17) and (18). 
In doing so it should be borne in mind that the 
first term of each can be integrated without any 
consideration of any half period interval; but in 
the case of integration of the second term, the 
lower limit will be ¢=0, and the upper limit will 
be ¢=7/2 in the case of (17). While in the case 
of (18), the lower limit will be t=7/2, and the 
upper limit will be t=7. Thus ¢ at the mouth- 


piece is found to be 
_ Kal 20? 
= (-)} 


} t 
—— 
(1-0/Kol) 
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over any odd half-period interval, and 


| 1 Kol 720° 
pl(lt+a/Kol) a - 


over any even half-period interval. While the 
potential at any place x in the pipe is given by 


) P t Kol 
a ae 
pl(ita/Kol) ea 


ow 
—_ (l—x)/sin w, (21) 
y(t) =(t—2¢?/r) from t=0 to t=7/2 


where 


9 


2 2 
and y(t) = (—-s+1) from t=7/2 to t=, 
T 


i.e., over half-period intervals which are odd 
multiples of 7/2, ¥(¢) has the value given by the 
former relations, while for half-period intervals 
which are even multiples of 7/2, (¢) is given by 
the latter relations. 


PRESSURE FLUCTUATIONS AT THE MOUTHPIECE 


It is now easy to evaluate the pressure at the 
origin since p=—pd¢/dt, we have from (17) 
and (18) 


1 Kol 4t 
en) 
(1+a/Kil) a T 


from t=0 to t=r/2 





and 
1 Kol 4(7r—t) 
a 
(1+a/Kjol) «a T 
from t=7/2 tot=r. (22) 


As said before the former equation holds good 
for intervals which are odd multiples of y 2, 
and the latter for half-period intervals which 








(20) 


le the 
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tO t=, 


re odd 
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tervals 
ven by 


‘HPIECE 


> at the 
m (17) 


»t=1/2 


ds good 
of T, 2, 
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are even multiples of 7/2. It will be observed 
that the pressure at the mouthpiece increases 
with time linearly during the odd half-period 
intervals, and then it suddenly begins to fall 
at the end of the half-period interval in the 
same manner. The graph in Fig. 2 shows the 
pressure fluctuations at the mouthpiece. The 
ressure at the mouthpiece never falls below 
P\1/(1+e/Kol) —Kol/a}. At t=7/4, 37/4 the 
pressure has a value P{1/(1+aKol)}. In fact the 
pressure fluctuates cyclically about this value 
with a period 7. In this discussion we have 
neglected the yariation of K due to the vibration 
of the reed. The vibration of the reed will 
introduce further pressure variations which will 
be superposed over the above mentioned pressure 
changes. For instance if the reed vibrates in a 
manner such that the chink opens during the 
phase of maximum pressure at the mouthpiece, 
allowing more air to flow into the same, the 
result will be that the superposed effect will be 
more pronounced ; while if the chink opens during 
the interval of minimum pressure, the tendency 
will be to keep the pressure at the mouthpiece 
normal, i.e., will tend to produce an antinode 
at the mouthpiece. Let us therefore examine 
this point critically. 


ASYMMETRICAL VIBRATION OF THE REED 


Equation (16) can now be written in the form 


E+nt= 





AP a ~, - 
- cnr aie co. - 


where n?=y/m, and F(t)=(1—4t/r) over any 
odd half-period interval, and 


4(r— 
Pw)=(1- °) 


over any even half-period interval. 

A complete solution of (23) when the variation 
of K with reed vibration is also taken into 
consideration will be attempted later on. We 
shall for the present disregard variations of K, 
and further assume 27/n to be very small in 


comparison to 7, hence & will be approximately 
given by 
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ill A an (24) 
= st t : 
. mn? |\(Kpol+a) «a 





- where K has been replaced by Ko. Eq. (24) shows 


that & has a constant positive displacement of 
amount APa/{mn?(Kol+a)}, and it changes 
cyclically between a positive maximum value 
Kol/a and a negative maximum value of the 
same amount. The maximum negative displace- 
ment takes place at the end of any odd half- 
period interval, while the maximum positive 
displacement is attained at the end of any even 
half-period interval. Hence we find that the 
chink opens at the end of any odd half-period 
interval. From our previous discussion we know 
that the pressure at the mouthpiece has maxi- 
mum values at the same time. Thus we find that 
the phase of maximum pressure at the mouthpiece 
synchronizes with the opening of the chink. Writing 
APa APKuil 
Q1 ; 


Qo=—————__, and 
m(Kol+a) ma 





we find that the values of — at t=7/2, and t=7r 
are given by (23) and (12) 


At t=7/2 i+ (—-—)e-0.-0. (25) 


At t=r i+ (w+—)e-arta. (26) 


f Equations (25) and (26) can be interpreted as 
an asymmetrical vibration with displaced equi- 
librium positions. At t=7/2 (or any odd half- 
period) the displacement of the equilibrium 
position is (Qo>—Q:), which is always positive, 
and the frequency of vibration is given by 
(n?—Q,/8)!/2x which is slightly lower than the 
natural frequency of the reed. After another 
half a period the shift of the equilibrium position 
is again positive of amount (Qo+(Q;), while the 
frequency is slightly raised to (m?+Q,/8)!/2r. 
Thus we find as has been pointed out by the late 
Mr. P. Das® that the reed vibrates with two 
frequencies which are slightly greater and less 
than the natural frequency of the reed with 


displaced equilibrium positions. 


6 Ind. J. Phys. 6, 230 (1931). 
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FLow oF AIR THROUGH THE CHINK 


The flow of air into the pipe through the 
chink is given by f= Ko(¢—¢o), where 


Fr at 2K *l? 
cs 
pLl(ita/Ko) Ca w* 


sinwct/] 2t\ t 
aud raat -—)- 
wm t/t 


which shows that there is a continuous flow of 
air through the chink over which is superposed 
a periodic flow given by the second term in (27). 
The series represented by the second term has 
a period 7, and its sum is zero at t=0, 7/2, and 
T, respectively, while at t=7/4 the sum has a 
maximum positive value, and at t=37/4 the 
sum has a negative maximum value. Thus the 
flow of air into the mouthpiece precedes quarter- 
period the phase of maximum pressure in the 
pipe. To this flow must be superposed the 
additional flow that results from the periodic 
opening and closing of the reed. We have already 
pointed out that the reed opens when the 
pressure in the mouthpiece is maximum, hence 
it seems that the function of the reed is to shift 
the phase of maximum flow in such a manner 
that the maximum of flow may synchronize 
with the maximum of pressure in the mouthpiece. 
With a constant chink the flow precedes quarter- 
period the phase of maximum pressure, a condi- 
tion quite unsuitable for maintaining the periodic 
variations of pressure within the pipe. Thus we 
may summarize that the function of the reed 1s to 
adjust the phase of maximum flow and pressure so 
that maximum output of sound radiation takes 
place. 


sinwct/1 
en SET) 


HARMONIC ANALYSIS OF THE FORCED VIBRATION 
OF THE REED 


Let us now examine the components which are 
strengthened by the sympathetic vibration of 
the reed. So far we have found the gross dis- 
placement of the reed. Now we shall investigate 
the forced vibration of the various components 
which are excited by the periodic changes of 
pressure at the mouthpiece. In order to do so 
we shall express the value of (P—p) in (23) in 
the form of a series. Eq. (23) will therefore be 


written in the form 


¥s £\ __cos rqt 
E+ne=Or+0i(1-=) 5 — 


where g=2z7/r, and ris an odd integer. Eq. (28) 
takes into account the variation of K with & Jt 
can further be written in the manner 


1 cos rat 
i+ [m+ Sn ee OtOE 


cos rqt 


> (29) 
r 


r 
Let us assume a solution 


cos sgt sin sgt 
é=B y+ DB, ar Sean 3 Scorers 


Ss s* 


(30) 


where s is any integer, and Bo a constant. 
Substituting this value of & in (29) we obtain 
the following identity. 
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- n® 
x(—-«)s. cos sq¢t+ UB,’ sin sa(~-) 
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+—)>B, + > B,' 
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= Qot+ Qi> a 
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™ n* 
¥(——0)B. cos sqgt+ > B,’ sin sa( *) 
s° 
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BoQ:__cos rqt 
+n*Bot+ . 
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{cos (r+s)qt+cos (r—s)qt} 
+r, — 3 
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) {sin (r+s)gt—sin (r—s)qt} 
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r°s* 
cos rqt 


=Qo+ 1) ae (31) 
r? 


Remembering that 7 is always an odd integer 
and s has any value, we equate the coefficients 








(30) 


stant. 
obtain 


) 


sin sqt 





52 


cos rgt 





integer 
-fficients 


of cos gt, cos 2gt, etc., and sin gf, sin 2g¢ on both 
sides of (31) for different values of r and s, and 
obtain the following results: 








Qo QO,B, 
r=1, s=1, 9=—— } 
n* ABn? 
B,=Q:/(n?—g*) approx. and B,’=0, 
QiB, 
n=l, s=2, B,=— —— ; B.'=0 
28((n2/22) —q?) 


Bs=(Q:/((n*/3*) —q’), 


while By is given by 


n* Q; B; B, P 
»(-«') +( +) =0, B,’=0 
42 28\12-3? 12-32 


B;'=0 
































n? Qi/ Bs B, B; 
Bo -#)+>( + + 
102 ae\12-92 32-72 52.52 


Bz B, 
5 Fe y )=0. By' = 
72.32 92.42 


n- 
h-0/(~-«), B,,'=0 
a¢° 


moo N\ Oy Bu By B; 
fp 2, 
12? 28\ 12-112 32-92 52.72 


5 Bz 
g2. 32 











B, 
+] =0, By'=0. (32) 
112-12 
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These formulae give the amplitudes of the 
component forced vibrations of the reed. We 
observe that both odd and even components are 
present. Further the odd components are in the 


‘same phase as the force (i.e., the pressure 


fluctuations in the mouthpiece), while the even 
components are in opposite phases with respect 
to the odd components. In general both the even 
and odd components will be feeble when 2 is 
large, i.e., the natural frequency of vibration of 
the reed is far away in the scale of pitch from 
the component vibration. Take the case of Bo, 
the first even harmonic, it is related to B, by 
the relation 


Bs 0; 
B, —2B((m?/2?) —q?) 


which is small when 1 is large in comparison to gq. 
Similarly B;, By, B; say up to By, the amplitudes 
are small for the same reason. If, however, it so 
happens that is nearly equal to 8q 


n= 8q, 


then the 8th component of the reed vibration 
will become very prominent, and with it the 
seventh and ninth harmonic will also be appre- 
ciable. The other components which are far 
removed from » will diminish rapidly in ampli- 
tude, and thus the harmonics of higher order will 
diminish more rapidly than the lower ones. 
There will be a region of sharp maxima which 
will remain fixed for any note of the clarinet. \ 
If on the other hand 7 is nearly equal to 9q¢ 


n= 9q, 


then the ninth component will rise into promi- 
nence, and with it, the eighth, tenth, and 
eleventh, will also be large, vide formula (32), 
and the higher components above the ninth will 
diminish less rapidly than in the previous case. 
Therefore, the region of maximum amplitude 
will not be sharp, this is clear from the fact that 
By occurs in the equations for By, Bi:, Bis, etc. 

The component reed vibrations in their turn 
produce pressure fluctuations at the mouthpiece 
which are superposed over those given by Eq. 
(22). Since the odd components are practically 
in the same phase as those given by (22), they 
will reinforce them. The even components will pro- 
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duce feeble pressure changes at the mouthpiece in 
general, except the one whose frequency equals 
that of the reed, in which case a sharp fluctuation 
of pressure with the corresponding frequency will 
take place. Such a state of affairs will be detri- 
mental to a good tone quality. If on the other 
hand, an odd component has a frequency near 
that of the reed, then we have found that in 
addition to large pressure fluctuation of the 
same frequency, we shall have appreciable pres- 
sure fluctuations of other components lying 
near the reed frequency. These results are in 
agreement with the formant of the clarinet 
obtained experimentally by Herman Goldap,’ 
viz. go to b; for a Bp clarinet. 

From what has been said above it is clear that 
the clarinet is an instrument in which the player 
can control the tone quality, and give a personal 
touch to the music. Firstly, the size of the chink 
can be varied, thus altering the position of the 
note in the musical scale slightly, and again the 
vibrating length of the reed can be adjusted to 
any desired value by a slight adjustment of 
pressure upon the reed. 


SUMMARY AND CONCLUSION 


The paper presents a new theory of the clarinet 
on the basis that the chink between the mouth- 


7 Acoustics of Orchestral Instruments (Richardson), p. 59. 


R. N. GHOSH 


piece and the reed never shuts completely, that 
is the conductivity of the chink is not zero, as jy 
the older theory. The motion of air in the pipe 
as coupled with that of the flow through the 
chink is solved by Heaviside’s operationa 
method which enables us to determine the motion 
in the form of a Fourier series at once. It jg 
found that with a constant chink and neglecting 
the variation of conductivity due to the reed 
vibration, the pressure at the mouthpiece flucty. 
ates cyclically with a period slightly less than 
4l/c, and that the component vibrations form 
approximately a series of odd harmonics. The 
flow of air through the chink precedes quarter. 
period the phase of maximum pressure at the 
mouthpiece, thus with a constant chink condi. 
tions are not very favorable for maintenance of 
vibrations in the pipe. It is, however, found 
that the reed vibrates in such a manner that the 
chink -widens during the phase of maximum 
pressure, and allows more air to flow into the 
pipe, and introduces additional pressure changes 
which are superposed over those due to constant 
width of the chink. It is also found that the 
vibration of the reed is responsible for the feeble 
presence of the even harmonics, and a region of 
large intensity of the components in agreement 
with the experimental results. Incidentally it is 
discovered that a sharply pointed clamped reed 
has only one frequency of vibration which 
simplifies the theory of the clarinet considerably, 


APPENDIX 


The natural frequency of vibration of a sharply pointed 
bar clamped at one end. 
When rotational inertia is neglected the equation of 
motion of an element of a bar is given by 
2 2 
p dx? dx? dt? 
where A is the cross section, K the radius of gyration, 
E Young’s modulus, p, the density, and y the displace- 
ment of the centroids of the element. Let us assume that 
the breadth of the bar remains constant, while the thick- 
ness in the plane of vibration varies as x*, where x is meas- 
ured from the thin end of the bar. If dy is the thickness at 
the clamped end, and / the length of the bar we have 


d=d)x?/I?, 
where d represents the thickness at x. A will be given by 


A=A,_x’/P, 


where Ao is the cross section at x=/. If y « e'?* then (1) 
is modified to 


g= (ppl*12| Ed,?). 

If [=x(d/dx), then (2) can be written in the form 
I(?+622+5I—12)y=qy. (3 

In order to solve this let us assume that y=", then [y=s), 

[y=2?y, I"y=z2"y, and (3) becomes 

2(2+3)(z+4)(s—1) =q, 

(2?-+-3z) (2?+32—4) =, 


where 


hence 
2?+32=2+(¢+4)!. 
Writing 
qgt+4=(2+4), 
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we find 
2+32=2+[(2+2)?]}). 


Therefore 
2+32=4-+4, (5) 
or 
2+32=—t. (6) 
From (5) we get 
2+3 ie = oy 
we a a 
oa(s)) 
ee 


or 


Let us denote these roots by a; and a, where they are 


given by 
— + (° +1)' 
ae 


mI 3 
2 4 


The second set of roots are obtained from (6) 


s=—54(--1)- (7) 


i>? then the roots of (6) will be imaginary, 


ag= 


Stix, wh =(:-7) 
=< ty, where = r 
Let 
=yitye, 
where 
yi =x I{A3 cos y log x+A,4 sin y log x}, (8) 
yo= Ax +A ox™, (9) 
The terminal conditions are: At x=/, y=0, i.e. yi: +92=0 
and 
dy dy dy» 
— =0, i.e. —+—= 10 
a “ie te (10) 


And at x=e where e will be made finally zero, the bending 
moment and shearing stress both must vanish, hence 


dy d dy 
—x~i— = 11 

dx? -_ — rx dx? ?) 
Now 
2 {ace (12) 
dx x 
dy 3 
~"-3 <_ {As cos 0+ A, sin 8} 









yx 


oe hile sin @—A,cos 0}, (13) 
x 
where 0=¥ log x. 
Now 
a Vo %(= ) 4 dye 
hits gg Sarl tent ON, nse ot 14 
dx? x\4 TY xdx (14) 
and 
d gt? =( : °) dy. 
— }xt— (15) 
dx dx? , +; dx. 
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and 
d*y, f4dy ( Awe 
de ~—xdx tet (16) 
while 
d @& Yi (24 2) 7 
nae NG Ta 7) 


From the second set of terminal conditions (11) we find 


from (14) and (16) 
9 v1 
-(; +7) =0 (18) 
4/ x? 


25 ; 
7 ty ) - 


and from (15) and (17) 


dys 
xdx 


4dy, 
xdx 





( 42) x dys (2 - v= (19) 
’ 4/ dx . dx 
Since ¢ is small (18) and (19) give 
(+ ee =(F +, 2 (20) 
4 dx 
and 
(= +1) - (+4) 1 
y\G tv )an at (21) 


From the first set of terminal conditions we find, since /®2 
is small, a2 being negative, 


3 
A ar ™ +4r™ —yl-i(A; sin 0,—A,4 cos 6,) =0 
i.e. 
3 . 
Aul(a+5) =y7I-1(A; sin 6,—A4 cos @;), 
and 
A,I™ = —I-i(A3 cos 0: +A,4 sin 4). (22) 
Hence 
As; sin 6,—A,4 cos a (23) 


A; cos 6;+A,4sin 6; 0 
3 
where 6,=y7 log /, and n=y/(at5). Again since ¢*! is 
small, we obtain from (20) and (21), 
25 9 ; 
(+2) = (1243) €1(A3 cos 09+A4 sin 4), 
where 09=7 log e, and 
25 3 P 

A: (7 24 ese -(- — ++ ‘){ Sens cos 09 +A, sin 4) 

—vye}(A3 sin 09>—A,4 cos a), 


A s0096———— = — €4y(Asz sin 09—A,4 COS 4) 





264 
Hence 


aa(x*+ 


(r+) “Gr) 


= —e€—}y(A3 sin 69—A4 cos 0). 


A 2 


(24) 
Putting 


(42) /(re 





(+= 

4 
A3 cos 09+A4 sin 0 
Az sin 09—A,4 cos 4 





=—m. 


Eliminating A; and A, from (23) and (25) we obtain the 


equation for the period 
n—m 


t log 1/e) = . 
na Cy op te) 1+mn 


(25) 


(26) 


GH,OSH 


When 7=0, »=0 and m=0. Again when y= «, n=; 
and m=-—1. 

Hence the limiting values of tan (y log //e) are zero and 
infinity. That is the limiting values of (v7 log //e) 


y log 1/e=0, 

y log l/e=7/2. (27) 
Since log //e is large, a finite value of y log //e is only possible 
when y=0, and this is the only value that is possible jp 
the present case when e—0. Hence 


2 
’ 


rite(ee9 


Therefore 





>, n=] 


ero and 


(27) 
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On an Inertialess Procedure of Taking Phono-Photo- 
graphic Records. M. GrUTZMACHER, W. LOTTERMOSER. 
Akustische Zeits. 2, 242-248 (1937).—This paper describes 
an apparatus for recording the frequency of the funda- 
mental in speech or music. The amplified microphone out- 
put is distorted by means of a tube having square-law 
characteristics. Owing to the difference tones thus formed, 
the amount of fundamental in the mixture is increased. 
This seems to be necessary. A low pass filter reduces 
effectively all those frequencies which lie above the funda- 
mentals. For male speech, the cut-off will be at about 300 
c/sec. A sharp cut-off is not to be aimed at, because as a 
consequence the recorded frequency is liable to jump into 
the octave. After another stage of amplification the dis- 
torted voltage is used to control a thyratron which gener- 
ates relaxation oscillations in the usual way by means of a 
condenser resistance arrangement in its anode circuit. The 
frequency of the relaxation oscillation is low (20-50 c/sec.) 
in comparison with the speech frequencies. The thyratron 


tele siniainte DRIES EN ge Nee 


—— LA uli 


CCM Tit tt mt THVT 
ALA LAE 


J A 
Fic. 1. Oscillograms and pitch record of the word “‘ja’’ (Germ. 


Pronunciation). a, Undistorted; b, distorted; c, first die output; 
d, cathode-ray tube record. 


Ja-—wohl ich komme 


Fic. 2. Actual record. 


oscillation is made visible by means of a cathode-ray tube 
and appears on its screen as a straight line. As soon as 
the grid has a certain potential, the thyratron flashes and 
the voltage on the condenser in its anode circuit breaks 
down. During the next half-cycle, the relaxation oscillation 
starts anew, breaking down again during the positive half- 
cycle. The length of the line on the screen of the cathode- 
ray tube is thus a measure of the frequency. By suitably 
choosing the wave form of the relaxation oscillation a 
practically logarithmic frequency scale can be obtained. 
If the very small voltages at the beginning and end of a 
word are to be recorded correctly, another thyratron will 
have to be used in a previous stage, to equalize the voltage 
amplitudes (Fig. 1). Fig. 2 shows the actual record, and a 
number of them are given in the original publication, 
showing that they are characteristic of the speaker, though 
as a whole they are very similar. During singing, most 
people show a certain amount of gliding from one pitch into 
the other, whilst gliding is not so pronounced in the case 
of musical instruments as cello and clarinette. 
E. J. SKUDRZYK 


Mechanical Frequency Analysis of Non-Reoccurring 
Oscillational Processes and Determination of the Fre- 
quency Curves of Transmitting Systems. G. v. BEKésy. 
Akustische Zeits. 2, 217-224 (1937).—Often it is found 
more convenient to calculate the transmission factor of a 
system from the integration of its transients, than to 
measure directly the transmission for purely sinusoidal 
oscillations. The “transient method” to be described is 
particularly of advantage in low frequency analysis (below 
30 c/sec.) where otherwise troubles owing to harmonics 
would arise, and in cases where the time of analysis is to 
be short, or where the oscillations are of a nonrepeating 
character. 

Let E be one variable of a linear system and J another 
variable, depending on the first one (voltage and current for 
instance). Let the time variation of J in the particular case: 


E=0 for t<0 
E=1 for t>0 


be denoted by A(#). If now A(é) is known (having taken an 
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oscillogram), the transient phenomenon J(t) may be calcu- 
lated for any time variation of E(t) by a formula derived 
by J. R. Carson: 


t 
I(t)=A(0)E(t) + J. A"(r)E(t—1)dr 
= E(0)A(t)+ J. * E't—1)A(a)dr. 


The dashes denote differentiation after the time ¢. The 
problem is to deduce J(¢) for a sinusoidal 

E(t) =E sin (wt+Q), (2) 
given A(t) or A’(t). Substitution of (2) in (1a) gives for the 


steady state (t= «) 


I=E sin (ot +9)-[40)+f~ cos wrA(s)ér) 


(1a) 
(1b) 


—E cos (wt+2)- t divine te 


and similarly in (1b): 
I=E cos (wt+Q) of” cos wrA(r)dr 


+E sin (ut+9)-o i inecdhte, CD 


It has been assumed in this last expression that A(t)=0 
for t= as will be mostly the case in acoustics. If A(t) 
tends to a constant value which is not zero, (3a) will have 
to be used. Introducing the transmission factor U by 


I= U- Eet@+® = {(w) +i8(w) } Beton 
and going back to real quantities we obtain: 
I=E{a(w) sin (wt+2)+8(w) cos (wt+2)}. (4) 
Comparison with (3a) gives 


aw) = A(0)+ 1 oinaw<li*onde, 
B(w)=— J sin wr-A'(r)dr, 


(Sa) 


and comparing with (3b): 
a(w) =f” sin wr A(r)dr, 
B(w)=wf cos wr: A(r)dr. é 


These integrals are of the same type as those met in 
Fourier analysis of nonperiodic oscillations, beginning at 
t=0 and gradually dying out again. They can be evaluated 
with any harmonic analyzer with a variable base. (For 
instance photoelectric harmonic analysis, abstract in 
November issue.) Choosing the length of the base somewhat 
longer than the A(t) curve (which is supposed to be zero for 
greater values of ¢) the harmonic analyzer will give the 
integral 


(Sb) 


J ” cos ((2n/a)r)A(s)dr (6) 


or the corresponding term with the sineP. utting w=22n/a 
it can be seen readily, that the whole frequency range can 
be covered by gradually increasing the length of the base 
or going to the next integer n. 

The most simple harmonic analyzer of variable base is 
probably that due to O. Mader. Its readings are: 


A. FIRESTONE 


F.=(2K/a) J, * cos wrA(s)dr 


or F,=(2K/a) Sr sin wrA(r)dr, 


K being the analyzer constant. We thus obtain from (5a) 
using an oscillogram representing A () 

a(w)=A(0)+(aF./2K),  B(w)=—(aF,/2K), 
and similarly from (5b) for an A(t) oscillogram: 


a(w)=(nrF./K), B(w)=(nrF./K), 


where w=(22n/a). To obtain the actual frequency, has to 
be multiplied by p/27, p being the paper velocity (cm/sec,) 
of the oscillograph. 

If the system is an electrical one, a constant voltage will 
be applied to get the oscillogram. In acoustics, a rectangular 
impulse of width dé will be produced, giving 


E[A(t)—A(t—dt)]=EA'(t)dt 


so long as dt is small in comparison to the period of the 
frequency to be investigated. Hence Eqs. (5a) can be 
employed. 

To estimate the accuracy of this method of analysis, a 
condenser in series with a resistance was connected to a 
constant voltage. The charging current time curve was 
integrated and the resulting transmission factor compared 
with the reciprocal of the electrical impedance of the 
series connection. The deviations seldom exceeded 1 per- 
cent of the maximum value. Two examples are given to 
illustrate the value of the analysis of transients. The in- 
fluence of the flexibility of the flesh surrounding the mouth 
cavity is of importance in the vocal theory. J. C. Cotton 
found very flat resonances for resonators made from meat 
and wet cotton wool.! Investigations with the transient 
method showed that the flexibility of the mouth can 
practically be neglected. The results of J. C. Cotton seem 
to be due to the damping caused by the cotton wool, as 
another test showed. The second example shows the trans- 
missibility of the system, ear cavity hammer. Such meas- 
urements usually met with difficulties, as the fresh specimen 
can only be experimented upon for a short time. 

E. J. SkupRzyK 


1J. Acous. Soc. Am. 5, 208 (1934). 


Oscillographical Investigations of Loudspeaker Tran- 
sients. J. G. HeELMBOLD. Akustische Zeits. 2, 256-261 
(1937).—The loudspeaker was inserted in an infinite wall. 
A sinusoidal voltage was switched on to the speaker and 
the instantaneous sound pressure measured with a micro- 
phone connected to a cathode-ray tube. The time required 
for the envelope of the oscillations to reach within 20% 
the stationary value was defined as the transient time of the 
speaker and plotted against the switched on frequency. The 
results seem to justify an introduction of positive and 
negative transient time, the positive sign being chosen, if 
the oscillations increase to the steady state value, the 
negative sign, if the envelope of the oscillations decreases 
towards the steady state value (the oscillation overshoots 
the steady state value). Fig. 1 shows the transient time of 
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on electrodynamic speaker and its frequency response 
curve. They have almost the same shape and similar results 
were obtained for different types of speakers. Only the 
horn type speaker made an exception, giving very short 
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c/sec. 


Fic. 1. a, Frequency response curve; 6, “‘transient time’’ (periods). 


transients apparently owing to its small membrane. For 
good reproduction of speech (particularly of the consonants) 
the transient time should not exceed 1 millisecond, and this 
was only attained with the horn speaker. 

A Fourier analysis of the switched on frequency gives a 
wide frequency band. Several modes of vibration will 
therefore be excited and it can be shown that their ampli- 
tudes are inversely proportional to the damping and the 
frequency difference from the switched on frequency. If 
the switched frequency coincides with a resonance of the 
speaker the side bands of this frequency will not be repro- 
duced greatly, in comparison to the resonance. Conse- 
quently the amplitude is found to rise almost exponentially. 
If, however, the switched on frequency corresponds to a 
minimum in the response curve, the side bands may pre- 
dominate in the transient, and the amplitude decreases from 
a higher value towards the steady state value. Between a 
maximum and a minimum of the response curve, half of 
the band due to the switching on will be amplified, the 
other half attenuated, in comparison to the steady state 
frequency. These two effects may equalize each other, the 
transient time becoming very short 

E. J. SKUDRZYK 


Experiments on the Rohmann Layer in Contact Micro- 
phones. D. BropuuN. Akustische Zeits. 2, 254—5 (1937).— 
Two theories have been put forward to account for the 
action of contact microphones, of which the carbon micro- 
phone is the most important example, in which the resis- 


tance varies almost linearly with pressure. H. Rohmann 
postulated the existence of a layer of absorbed gas at the 
surfaces of contact. Holm and Goucher believe the varia- 
tions in resistance to be due to changes in the number and 
area of the spots forming contact between the parts, the 
microscopic hills varying under pressure. By evacuation, 
the gas layer, if any, can be removed, one description of 
such a process claiming that the microphonic effect van- 
ished, while Otto found that such a process did not cause 
the microphonic effect to disappear. 

A special microphone, with a mica diaphragm and all 
parts capable of withstanding high temperature was used 
for the tests here described. The diaphragm was excited 
electrostatically. The vacuum was of the order of 10-° mm 
Hg, and a liquid-air trap was used. The contacts were 
heated to 800°C by excessive d.c. current, so that the gas 
layer was certainly removed. Taking into account the nor- 
mal unreproducible character of a microphone character- 
istic, the sensitivity in vacuum was the same as that in air, 
indeed at higher frequencies the removal of the normal air 
damping increased the sensitivity of the microphone in 
vacuum. 

It is concluded that the layer of occluded gas postulated 
by Rohmann plays no part in the microphonic action. The 
advantage of carbon is its high melting point, and the fact 
that its oxides, being gaseous, do not clog the surfaces. 

D. H. THOMAS 


The Methods of Noise Measurement and Their Appli- 
cation to the Automobile Industry. S. KAGAN AND LuB- 
SZYNSKI. Laboratoire Electro-Acoustique, Neuilly-s-S. 
France.—This lecture, given to automobile engineers and 
published in their journal,! treated three problems: the 
unit of loudness, the methods of its measurement and the 
results of noise reduction investigations, applied to the 
different elements of the automobile, intake roar, gear box, 
body rumble, signal horn and exhaust. 

The physiological basis of audition justifies the choice of 
a logarithmic scale for loudness measurement. Subjective 
appreciations are obtained by utilizing the human ear, 
either by comparison or by masking. Objective results are 
afurnished by means of an electric ear, realized by a “‘decibel- 
“meter” of the Laboratoire Electro-Acoustique. The char- 
acteristics of this instrument defined by the French Stand- 
ards Association assure the comparability of the results. 

Actually the French automobile industry is only begin- 
ning to introduce acoustical methods of research and con- 
trol. The few investigations yet undertaken were very 
successful but supposed not to be published; therefore this 
first publication treating this subject had to refer for most 
of the practical examples to foreign literature. 

S. KAGAN 


1 J. Soc. Ingénieurs de l’'Automobile 4 (1937). 
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THEORY OF WAVES AND VIBRATIONS 


The End-Correction of an Unflanged Pipe. A. E. Bate. 
Phil. Mag. 24, 453-457 (1937). 

The Vortex Motion Causing Edge Tones. G. BURNISTON 
Brown. Phys. Soc., Proc. 49, 493-507 (1937). 

The Mechanism of Edge Tone Production. G. B. Brown. 
Phys. Soc., Proc. 49, 508-521 (1937). Sci. Abs. 40, 4621. 

(Acoustical) Modulation of Electromotive Forces by 
Variable Flames. Z. CARRIERE. Rev. d’Acoustique 6, 
24-50 (1937). 

Elementary Treatment of Vibrating Strings. Paut C. 
COPELAND. Am. Phys. Teacher 5, 193 (1937). 

On Free Vibrations with Non-Linear Elasticity. A. Gr- 
MANT. Phil. Mag. 24, 272-280 (1937). 

Sound Field Due to a Vibrating Piston. (In German.) L. 
GutTin. Techn. Phys., U. S. S. R. 4, 404-413 (1937). 
Absorption of Sound in Crystals at Elevated Temperatures. 
(In French.) A. S. Kompaneretz. C. R. Moskau. 14, 

267-270 (1937). . 

Theory of Wire-Gauze Tones (Thermally Excited Sound 
Vibrations). K. O. LEHMANN. Ann. d. Physik 26, 527- 
555 (1937). 

On the Theory of the Vibration of Crystal Plates. (Remark 
on the work of Petrzilka.) ErNst Lonn. Ann. d. Physik 
30, 420-432 (1937). 

Torsional Oscillations. J. MANcy. Rev. d’Acoustique 6, 1- 
23 (1937). 

Infrasonic Measurements. An Infrasonic Radiator. (In 
English.) L. Myasnrkov. Techn. Phys. U. S. S. R. 4, 
83-87 (1937). 

On the Question of the Characteristic Sound-active State 
of a Metal Electrode. L. W. Nrxitin. Chem. J. 6, 1393-— 
1400 (1936). 

The influence of Electrolyte Concentration on the Sound 
Activity of Platinum Electrodes. L. W. Nitikin. Chem. 
J. 6, 1401-1403 (1936). 

The Divergent Behavior of Resistive Coupling from the 
Known Coupling Phenomena. GERHARD SCHMERWITZ. 
Ann. d. Physik 5-30, 209 (1937). 

A Note on the Vibrations of a Rotating Rope. A. C. 
STEVENSON. Phil. Mag. 24, 293-198 (1937). 

On Vibrations Produced During Machining on Lathes. 
C. S. VENKATESWARAN. J. App. Phys. 8, 698-699 (1937). 

The Production of Chladni Figures by Means of Solid 
Carbon Dioxide. Part I, Bars and Other Metal Bodies. 
Mary D. WALLER. Phys. Soc., Proc. 49, 522-531 (1937). 


MusIcaAL INSTRUMENTS 


Sound Emitted by Japanese Hanging-Bells. (In English) 
I. Aoki. Kyoto Coll. Sci. Mem. 19, 283-292 (1936). Sci, 
Abs. 40, 4635. 

Electro-acoustical Musical Instruments. (Review of 
different methods of electrical tone production.) VoLKER 
AscHoFrF. Naturwiss. 25, 598-600 (1937). 

The End-correction of an Unflanged Pipe. A. E. Barr. 
Phil. Mag. 24, 453-457 (1937). 

The Violin and Organ Pipe. P. JARNAK. Fys. Tidso. 34 
137-185 (1936). 

Modes in Modern Egyptian Music. (Short note.) M. 
MOKHTAR AND A. M. MOsHARRAFA. Nature 140, 548 
(1937). 

Structure of the Chromatic Scale. Role of the Seventh 
Harmonic. RENEE ScHIDLOF. Arch. des Sciences 19, 
22-42 (1937). Sci. Abs. 40, 3688 


SUPERSONIC VIBRATIONS AND WAVES 


A New Method of Measuring the Absorption Coefficients 
of Ultrasound in Gases. L. BELJAWsKAJA. Bull. Acad. 
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High Gain Low-Frequency Amplifiers. A. F. Rawpoy. 
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A Low Distortion Audio-Frequency Oscillator. (Turne, 
Kallirotron circuit.) HERBERT J. Retcu. I. R. E., Prog. 
25, 1387 (1937). 
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(Methods of measuring the speed of sound.) E. Tyzeg. 
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(Methods of measuring speed of sound.) E. Tyter. Phi, 
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The Production of Chladni Figures by means of Solid Car. 
bon Dioxide. Part I, Bars and Other Metal Bodies, 
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SPEECH AND HEARING 


Pitch and Intensity Characteristics of Stage Speech. Mn. 
TON Cowan. Archives of Speech (U. of Iowa) Dec. 1936, 
90 pages. 

Two Simplified Techniques for Synchronized X-Ray, 
Sound Recording and Cathode-Ray Oscillographic 
Studies of Speech. RoBpert Curry. Rev. Sci. Inst. 8, 
382-384 (1937). 

On the Law for Minimal Discrimination of Intensities (of 
the different senses). A. H. HoLWay AND W. J. Crozirr. 
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Acoustical Society News 


HE eighteenth meeting of the Acoustical Society was 
held at Ann Arbor, Michigan, on November 29-30. 
An interesting program of twenty-five papers was presented 
in Hutchins Hall on the University of Michigan campus. A 
dinner was held on the evening of November 28, with an 
entertaining feature by Mr. R. F. Norris. The program and 
entertainment were arranged efficiently by Professor F. A. 
Firestone, who was given a cordial vote of appreciation for 
his efforts. 

The next meeting of the society will be held in Washing- 
ton, D. C. on May 2-3. The chairman of the Committee on 
Arrangements is Mr. V. L. Chrisler of the National Bureau 
of Standards. A second meeting is also announced, which 
will be held in November, 1938, at Harvard University, 
Cambridge, Massachusetts. Professor F. A. Saunders is 
chairman of the Arrangements Committee. 


The membership of the society was increased by 38 new 
members to give a total at the present date of 677. Three 
deaths of members are announced: D. M. Brown, of 
Alexander Murray & Co., Montreal, Canada; A. J. 
Nielsen, Charlottenlund, Denmark; Kanji Kurihara, South 
Manchuria, China. 


E. W. Kellogg Honored 


Edward Washburn Kellogg of the RCA Manufacturing 
Company received the annual ‘Progress Medal” of the 
Society of Motion Picture Engineers last night at the 
society’s semi-annual dinner at the Hotel Pennsylvania. 
The medal is presented in recognition of outstanding 
achievement in motion-picture technology. (New York 
Times, October 14.) 
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Program of the Eighteenth Meeting of the Acoustical Society of America 


NOVEMBER 29 AND 30, 1937 


University of Michigan, Ann Arbor, Michigan 


Monday, November 29, 10:00 A.M. 


1. An Improved Method for Obtaining Photographs of 
Ripple Wave Actions. M. E. RAQUET ANDF. R. Watson, 
University of Illinois—The use of ripple waves to show 
reflection, diffraction, etc., of waves is well known.! 
Light shining upward through the glass bottom of a tank 
containing a shallow layer of water will be modified by 
waves on the water surface and will show a pattern of 
the waves when striking a frosted glass surface, of which 
photographs may be taken. One of the difficulties experi- 
enced in ripple wave photography is the optical distortion 
of the waves set up by surface tension at the edges of 
obstacles placed in the water. For example, when a 
miniature model of an auditorium is used the boundaries 
of the model appear distorted because of the passage of 
the light through surface tension modifications of the 
level water surface; furthermore, these irregularities set 
up by the surface tension affect the regularity of the 
reflected waves. To reduce this distortion, the reflecting 
obstacles were made plane parallel, placed on the glass 
bottom of the tank which had been carefully leveled; then 
the water level was lowered slowly by a siphon until the 
layer of water over the obstacle was so thin that the waves 
were completely reflected (a suggestion made to F. R. W. 
by Dr. F. V. Hunt). A series of photographs were made 
while the water was being lowered to secure the best 
result—too much water or too little water gave distorted 
photographs. It was necessary to have the tank clean 
(no oil), to use distilled water, and to make the obstacles 
scrupulously clean by application of acid-alcohol (95 
percent alcohol, 5 percent glacial acetic acid) wiped with 
aclean cloth and not touched by the oily fingers, again 
washed with plain alcohol and dried with a clean cloth. 
Photographs show the resulting clear patterns of waves. 


Vincent, Phil. Mag. 43, 44 (1897). 


2. Resonance in Two Types of Non-Uniform Tubes. 
ARTHUR TABER JONES, Smith College-—The first tube 
considered consists of two open cylinders of different 
diameters joined end to end. The theoretical expression 
for the frequencies of standing waves in such tubes is not 
new, but it leads to a rather surprising result which is now 
tested experimentally. The second tube considered consists 
of two open cylinders of different diameters joined by a 
conical connecting tube. A theoretical expression for the 
frequencies of standing waves in such a tube is developed. 
For the one tube examined experimentally the agreement 
between theory and experiment is satisfactory. 


3. A Horn Consisting of Manifold Exponential Sections. 
Harry F. O_son, RCA Mfg. Co.—The expressions for the 
throat impedance of a horn with two rates of exponential 
flare have been derived. This expression is applicable to 
any number of sections by considering two sections at a 
time. The impedance frequency characteristic of specific 
multiple horns shows the possibility of obtaining a large 
variety of impedance characteristics suitable for improving 
the efficiency characteristic over that possible with a single 
rate of flare. The efficiency of a horn type loudspeaker 
having a horn with three rates of flare shows an efficiency 
within a few percent of the ultimate efficiency. 


4. Acoustic Networks in Loudspeaker Cabinets. HuGu 
KNOWLEs, Jensen Radio Mfg. Co.—Hornless loudspeakers 
used in conventional speaker cabinets and baffles have. - 
appreciable transient and nonlinear distortion and are 
relatively inefficient at low frequencies. Acoustic networks 
which couple the speaker to one or more auxiliary sources 
of sound may be used to reduce this distortion. By proper 
choice of the circuit elements in this network, the combined 
radiation from all sources may be made to exceed that 
obtained from a given speaker in an infinite baffle at low 
frequencies. Some aspects of the general theory of com- 
pound sources are discussed, after which the detailed 
application of the theory to one type of unit is outlined. 


5. Pressures of Sound Waves Measured by a Condenser 
Microphone and Oscilloscope for Continuously Varying 
Frequency. ROBERT ROGERS AND F. J. WILLIG, University 
of Illinois (Introduced by F. R. Watson).—Sound waves 
were generated by a 555 Western Electric loudspeaker and 
attached exponential horn when actuated by a Clough- 
Brengle beat frequency oscillator. The sound pressures 
were received by a miniature condenser microphone, } 
inch in diameter, and were then amplified and led to a 
cathode-ray oscilloscope which gave a visible straight line 
response on its fluorescent screen. When the frequency of 
the source was continuously varied, the line on the oscillo- 
scope varied in length according to the reception of sound 
pressures by the condenser microphone. Photographs of 
the action were taken on a moving film. The apparatus 
was used to explore the resonating response of boxes filled 
with air when sound waves impinged on the flexible 
membranes used to cover the box tops. 
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Symposium on Noise in Automobiles 


6. Sound Measuring Instruments as Applied to Noise 
Reduction. G. T. Stanton, Electrical Research Products, 
Inc.—The measurement of noise by the use of sound level 
meters has been accepted by the aeronautic and automotive 
industries. Such measurements may be of comparative 
value for reasonably continuous composite noise. This is 
particularly true when the types of noise produced by the 
objects under comparison are similar in nature. Under 
properly controlled conditions, such measurements are of 
value in determining the relative success of various at- 
tempts or methods of noise reduction. In attacking noise 
reduction from an engineering standpoint, it is generally 
desirable to consider the individual physical characteristics 
of noise. Some of these characteristics and their effect on 
methods of instrumentation are discussed. 


7. On the Noise Inspection and Noise Rating of Me- 
chanical Equipment. E. J. Aspsortt, Physicists Research 
Co.—In the August issue of Refrigerating Engineering, 
W. W. Soroka outlines the drawbacks of present methods 
of noise rating, and proposes “‘a rational method which 
can be successfully worked out for machinery.” Briefly, 
his suggestion is to take account of differences in acoustical 
absorption when a machine is operated in different loca- 
tions. If a given machine is operated in a room with small 
absorption, it will obviously produce a higher sound level 
than in a room of large absorption, and suitable corrections 
can be made along the lines which Mr. Soroka indicates. 
On the other hand, experience has shown that noise 
ratings of actual machinery involve many factors which 
are of greater importance than differences in acoustical 
absorption. Hence, correction for absorption cannot be 


the solution for all our difficulties, as one might infer 
from reading the proposal. In the present paper, the 
author proposes to outline some of the practical aspects of 
noise inspection and noise rating of mechanical equipment, 


8. Some Practical Considerations of the Effect of Noise 
Upon Speech Intelligibility. J. C. STEINBERG AND W, 4. 
Munson, Bell Telephone Laboratories. 


9. Some Acoustic Problems of the Automotive Fay, 
B. Cary, Hayes Industries—The method of testing the 
fan on a car is discussed. The effect of spacing fan blades 
is shown to give the greatest change in the noise spectrum, 
Some extreme designs of spacing are presented. 


10. Muffler and Silencer Design. C. E. NELSON, Acoustic 
Division, Burgess Battery Co.—The reduction of machinery 
noises—whether industrial or automotive—can best be 
accomplished by an attack on the most important source 
of noise. In the case of engines, compressors and the like, 
the first attack usually centers on exhaust and intake 
noise. This paper will present the method used to design 
special silencers as well as those intended for general 
service, together with data on specific applications. 


11. Are Automobiles Not Quiet? R. F. Norris, C. F, 
Burgess Laboratories, Inc-——The quieting of automobiles 
has progressed from the early days to the present through 
a number of steps, the greatest quieting having been done 
when mufflers were attached to the engines. Present day 
automobiles, with the exception of windage, are excep- 
tionally quiet, which is the goal that has been striven for. 


Monpbay, NOVEMBER 29, 8:30 P.M. 


ILLUSTRATED LECTURE 


12. Loudness, Masking and Their Relation to the Hearing Process. 


Dr. HARVEY FLETCHER, Bell Telephone Laboratories. 


TUESDAY, NOVEMBER 30, 9:30 A.M. 


13. The Effects of Cylindrical Pillars in a Reverberation 
Chamber. Paut E. SABINE, Riverbank Laboratories.—It 
is recognized that the fundamental assumption of the 
reverberation theory, namely, that there is a diffuse distri- 
bution of sound within a room during the decay period, 
is not fulfilled in rooms whose dimensions are not great in 
comparison with the wave-length. This departure from 


theoretical assumption has led to discordant results in the 
measurement of the coefficients of absorption of materials 
by the reverberation method in different laboratories. 
The present paper presents the results of a series of it- 
vestigations to determine the effects of the presence of 193 
feet of cylindrical pillars made of plaster, 12 inches in 
diameter, upon the character of the decay in a reverbera- 
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tion chamber whose volume is 10,000 cubic feet. The follow- 
ing effects were noted. (a) At frequencies below 512 cycles, 
the presence of the pillars produced a marked decrease in 
the deviations of single measurements of the time of 


decay from the mean of a large number of observations. | 


At higher frequencies this effect was nil. (b) Below 512 
cycles, the presence of the pillars produced an appreciable 
reduction in the spread of the measured values of absorp- 
tion coefficients between large and small absorbent areas. 
(c) The presence of the pillars materially reduced the 
variation in the effect of a highly absorbent sample on the 
rate of decay with varying sample position. (d) Measure- 
ments of absorption coefficients of a number of samples of 
fixed size showed that the presence of the pillars produced 
negligible effects upon the measured values. The conclu- 
sion is drawn that the diffuse reflection from the pillars 
improves conditions for absorption measurements at 
frequencies below 512 cycles. 


14. The Diffraction Produced by Cylindrical and Cubical 
Obstacles. G. G. MULLER, R. BLACK aAnp T. E. Davis, 
Bell Telephone Laboratories. 


15. Absorption Effects in Sound Transmission Measure- 
ments. PauL E. SABINE AND L. G. RAMER, Riverbank 
Laboratories —Transmission of sound between adjacent 
rooms by way of an intervening wall is essentially the rela- 
tive intensities of vibration of two bodies of air dynami- 
cally coupled by a solid septum. The transmission loss 
of a partition has been defined by the equation T.L. 
=10 log (Eo/E2)(A/az2), in which Eo/ Ez is the ratio of the 
intensities on the two sides of the partition, and A/a, is 
the ratio of the transmitting area to the total equivalent 
absorption of the receiving room. Varying a2, the equiva- 
lent absorption, from a value of 7.1 to 131 sabins it is 
shown experimentally that the transmission loss as defined 
isconstant over this range of variation in a2. The bearing of 
these results on the proposed definition of ‘‘transmittivity” 
is considered. 


16. Recent Progress in Supersonics. WiLtiam T. 
RicHaRDs, The Rockefeller Institute for Medical Research.— 
Asummary of recent contributions to several branches of 
acoustics which have been useful to physics and to chem- 
istry. The theory of the propagation of sound in dispersive 
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gases is first discussed from a standpoint which it is hoped 
may be intelligible to those who have no special knowl- 
edge of the subject. There follows a description of the 
various types of apparatus which have been devised to 
measure the velocity of sound and the attenuation coeffi- 
cient. The direct photography of sound using Tépler’s 
“Schlieren-methode” is stressed as promising to obviate 
difficulties inherent in the interferometric technique. The 
experimental results are then summarized with particular 
attention to the effects of pressure, temperature, and traces 
of foreign substances on the dispersive behavior of gases. 
The collision theory has received strong support from the 
majority of these measurements. Finally, the effects of 
intense sonic and supersonic radiation are briefly reviewed. 
Since most of these have been found to depend upon 
cavitation, the role of cavitation is examined. A ballo- 
electrical explanation of the phenomena is considered the 
most promising, although it is difficult to prove. 


17. Absorption of Sound in Carbon Dioxide—Effects of 
Impurities. V.O. KNUDSEN AND E. FRICKE, University of 
California at Los Angeles—Further measurements on the 
absorption of sound in CO: reveal that the nonclassical 
(or collision) absorption begins at about 3000 cycles and 
increases rapidly for higher frequencies (to 34,000 cycles). 
This is probably a portion of the absorption band which 
has its maximum at about 10° cycles. The addition of small 
impurities, such as H,O and various alcohols, greatly 
reduces the absorption in the frequency range investi- 
gated, namely that corresponding to the ascending branch 
of the absorption band. This is explained on the assump- 
tion that the effect of such impurities is to shorten the 
lifetime of the vibration of the CO, molecule, that is, the 
absorption maximum is shifted to higher frequencies. A 
similar shift of the dispersion band has been observed in the 
velocity measurements of Eucken, Becker, and others. 
Although the absorption in CO, at 8000 cycles is quite 
large (of the order of 2 db/ft.), the addition of a small 
impurity of water vapor (less than 0.5 percent) reduces the 
absorption to less than that for pure No. This is consistent 
with the classical theory, and probably means that at such 
frequencies there is very little, if any, nonclassical absorp- 
tion in CO, containing small impurities of H,O. This also 
is the case for certain other impurities. 
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18. The Application of Negative Feedback to Electro- 
mechanical Devices. C. F. WiEBUSCH AND L. Vietu, Bell 
Telephone Laboratories, Inc.—The elementary theory of 
feedback as applied to electromechanical transducers is 
discussed. Provided the conditions for stability are met, 
the feedback will produce a flat velocity vs. frequency 
characteristic; reduce the phase shift, noise, and nonlinear 
distortion normally introduced in the amplifier and the 
transducer ; and will increase the output mechanical 
mpedance of the transducer. A disk recorder embodying 


this principle is described. The new recorder is capable of 
recording on wax or direct recording material without 
appreciable effect on its characteristics which include a 
uniform response from 30 to 12,000 cycles and exceptional 
freedom from distortion products. 


19. Resonant Frequencies and Damping Constants of 
Vocal Resonators. Don LEWis AND CurTIS TUTHILL, 
State University of Iowa.—In a recent paper by Lewis,! 
a method was developed for determining the resonance 





274 EIGHTEENTH MEETING OF THE A. S. A. 


frequencies and damping constants of the principal a subjective tone heard monaurally may differ significantly 
resonators typically involved in the production of sus- for two different observers with normal hearing, This 
tained vocal tones. The method has been used in further paper deals with a study of the two ears of the same ob, 
research; and the present report deals with data secured _ server. Differences as well as similarities in both phase 
on the vowels “O”’ and ‘AH.” Generalized values are and magnitude are indicated, differences in magnitude 
presented. In addition, some of the effects on vowel being more common than differences in phase. Further 
structure of variations in pitch and loudness level are investigation seems necessary before a satisfactory ¢. 
shown. It is evident, for example, that the magnitude of _ planation of the findings can be offered. 
high frequency components, relative to the magnitude of 1 Proc. Nat. Acad. Sci. 23, 415-421 (1937). 
low frequency components, varies with loudness level. 
The effects of pitch variation are, on the whole, neither 
clear-cut nor consistent. 

1J. Acous. Soc. Am. 8, 91-99 (1936). 


23. Preliminary Report on a High Fidelity Reproduce; 
for Lateral Cut Disk Records. F. V. Hunt anp J, 4, 
PreERCE, Harvard University—The moving element of the 
reproducer is a horizontal, single-turn, elongated loop of 
phosphor bronze ribbon which is driven by an inverted 
conical shell whose base is attached to the free end of the 
loop and whose apex bears a sapphire stylus. In the front 
half of the loop, which passes through a concentrated 
magnetic field, the ribbon lies in the vertical plane and js 
bent into a channel to increase its rigidity. In the remainder 
of the loop the ribbon is twisted into the horizontal plane 
and its ends are clamped between insulating blocks. This 
provides a light structure which is relatively stiff for lateral 
displacement but quite flexible in torsion, so that a lateral 
vibration of the stylus is converted into an oscillation of the 
stiffened portion of the loop about its longitudinal axis, 
Damping is provided by a membrane of Pyralin connecting 
the free end of the loop with the adjacent magnetic 
structure. The mass of the entire moving system is ap- 
proximately 50 milligrams and the unbalanced weight on 
the stylus is less than six grams. The electrical output is 
approximately 50 db below that of a standard transcription 
reproducer, but the response is proportional to the recorded | 
velocity amplitude within +3 db from 30 to 18,000 cycles. W 





20. High Speed Motion Pictures of the Vocal Cords. 
(A motion picture presentation.) W. HERRIOTT AND D. W. 
FARNsworTH, Bell Telephone Laboratories—Bell Tele- 
phone Laboratories has for several years made use of high 
speed motion picture photography as a visual aid in the 
study of problems associated with the design, manufacture 
and performance of telephone apparatus. This presentation 
is concerned with its application to problems relating to 
the functioning of the vocal cords in speech production. 
Vocal cord pictures taken at several different camera 
speeds up to 4000 frames per second are shown. These 
pictures, projected at a rate of sixteen or twenty-four 
frames per second, permit detailed observation of the 
motion of the cords vibrating at voice frequencies. Ade- 
quate illumination was secured by directly imaging a 





tungsten light source on the vocal cords. Harmful heat 
and ultraviolet radiation were absorbed by a liquid filter. 


21. Limits of Audition for Bone Conduction. NoRMAN 
A. Watson, University of California at Los Angeles.— 
The laboratory facilities and apparatus described in an 24. Scale Temperament as Applied to Piano Tuning. Psyc 
earlier paper! were used to study the normal intensity and O.L. Raispack, Eastern Illinois State Teachers College— the 
frequency limits of audition for bone conduction. The A number of pianos were tested immediately after tuning gene 
condition of the observer’s head to give greatest acuity for to determine whether the actual tuning follows that of the d 
pure tones, and the optimal total force of application and ‘“‘equal temperament” as defined in physics, within the ™ 
area of the vibrator button were found to be essentially the limits of the ability of the tuner to set the strings, or 
same as for speech sounds.! Acuity was found to vary with whether there is a systematic deviation from the equally cont 
the position of application of the vibrator; for example, the tempered scale and what the nature of such a systematic inclu 
maximum variation with position of the 1000-cycle thresh- deviation is. The method for testing the tuning was by ln r 
old was 18 db. A threshold for open canals was determined means of the chromatic stroboscope as described in a 
for the frequency range 80-2000 cycles, without inter- previous paper.'! The stroboscope used was an improved — 
ference from stray air radiation (18 normal observers). model of the type described in the last paper. Tests were soun 
Above 2000 cycles air radiation interfered with open canal made with several tuners and where possible with several It se 
tests to such an extent that a special technique was devised __ pianos of each tuner. This gave an opportunity to deter- very 
to obviate its effects. The occluded threshold curve, fora mine whether different tuners have individual “styles” of 
single normal individual, lay below his open canal curve tuning or whether there are marked general trends of a 
over the range 80-2000 cycles, and also at 10,000 cycles. definite character. The results are plotted on graphs 
The usable intensity range for open canals was tentatively showing the deviations of each tone as read from the ther 
determined; it is a maximum of 80-90 db at 1000-2000 corresponding tone of the equally tempered scale. Com- the t 
cycles. The total audible frequency range for open canals parisons of charts are made and averages are taken to loudi 
was found to be at least 25-17,000 cycles. show trends. In addition to accidental deviations there is cs 

»» 1N. A. Watson, J. Acous. Soc. Am. 9, 99-106 (1937). a marked trend in the “stretching” of octaves. This nt 
stretching tends to be more marked at the upper and lower appl 

22. On the Phase and Magnitude of Subjective Tones. ends of the piano keyboard. Possible explanations are latte 
Don Lewis, State University of Iowa.—It has been shown _ suggested and further investigation planned. I 
by Lewis and Larsen! that the phase and the magnitude of 1 J. Acous. Soc. Am. 9, 37 (1937). meth 
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